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(54) Multimode speech coding and noise reduction 



(57) In a signal processing apparatus, a speech 
coder (120) includes, as three sections for coding 
speech data by different algorithm, an Algorithm-A cod- 
ing section (121), an Algorithm-B coding section (122) 
and an Algorithm-C coding section (123). A noise sup- 
pressor (110) includes, as three sections for suppress- 
ing background noise by different algorithm, an Algo- 
rithm-X noise suppress section (111), an Algorithm-Y 



noise suppress section (112) and an Algorithm-Z noise 
suppress section (113). A suppress algorithm switching 
control section (114) controls switching on the basis of 
information from a coding algorithm switching control 
section (1 24) such that an optimal one of the noise sup- 
press sections (111 , 112 or 113) may function in associ- 
ation with the coding section (121 , 122 or 123) activated 
in the speech coder (120). 
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Description 

[0001] The present invention relates to a noise sup- 
pressor for reducing noise contained in transmitted/re- 
ceived speech signal, which is used in radio communi- 
cation apparatuses of various digital communication 
methods, including a digital mobile phone system. 
[0002] A telephone service using speech communica- 
tion is known as a basic service of mobile communica- 
tion. A mobile telephone system first began with an an- J 
alog method, but now a digital method is prevailing. 
[0003] In the digital method, an A/D converter is need- 
ed to convert analog speech signals to digital signals. 
However, simple A/D conversion requires a coding rate 
of about 100 kbps. Considering limited radio wave re- 1 
sources, it is necessary to compress the digital signals 
to 1/10 to 1/20. To meet the demand, a high-efficiency 
speech coding method, generally called speech com- 
pression, is employed and it is embodied as a speech 
CODEC. 2i 
[0004] In current mobile communications, a speech 
CODEC with a coding rate of about 3.5 kbps to 32 kbps 
is used. In the low-rate CODEC, the coding rate is de- 
creased by utilizing the characteristics of speech signals 
as much as possible. As a result, even if an adequate 2£ 
quality of speech is obtained, the reproducibility and 
quality of "sound" otherthan speech tend to deteriorate. 
[0005] A low-rate speech CODEC is used as an ap- 
plication in mobile phones which are often used out- 
doors. In some cases, mobile phones are used in an 30 
environment with large background noise. 
[0006] If background noise is input to the low-rate 
speech CODEC which is designed mainly for "speech", 
the speech quality will vary. The clearness and quality 
of speech will deteriorate in the environment with back- 35 
ground noise. 

[0007] As techniques for solving this problem, atten- 
tion has recently been paid to noise suppressors (or 
noise canceiers) which are designed to suppress back- 
ground noise taken in through microphones and to de- 40 
liver only speech to the speech CODEC. 
[0008] For example, a noise canceler is described in 
the chapter "Half-Rate Speech CODEC" in the "Person- 
al Digital Cellular Telecommunication System RCR 
STD-27" published by Association of Radio Industries 45 
and Businesses (ARIB) in Japan. 
[0009] New speech CODECs have been developed 
by technical innovations. There is a recent trend of multi- 
mode, in other words multi-algorithm, wherein new CO- 
DECS are introduced in systems to achieve two-algo- 50 
rithm switching (two speech CODECs can be switched) 
or three-algorithm switching (three speech CODECs 
can be switched). 

[001 0] On the other hand, like EVRC (Enhanced Var- 
iable Rate Codec) known as the TIA (Telecommunica- 55 
tions Industry Association) standard IS-127 in the U.S. 
A. or AMR (Adaptive Multi Rate), multi-rate systems 
have been proposed wherein one CODEC is used while 



plural different coding rates are supported. Moreover, a 
hands-free function that enables a user to make calls 
without having to lift his/her handset has been provided 
for the user's convenience. 

5 [0011] However, in the conventional multi-mode or 
multi-rate communications apparatus, the noise sup- 
pressor may not fully function due to mismatching be- 
tween the speech CODEC and noise suppressor in a 
certain selected mode or rate. As a result, high-quality 

o transmitted speech or received speech cannot be ob- 
tained. 

[0012] Furthermore, in the conventional communica- 
tions apparatus with the hands-free function, in accord- 
ance with switching between the hands-free algorithm 
* and non-hands-free algorithm, a speech input path to 
the noise suppressor may vary via a microphone, an an- 
alog amplifier, etc. or speech input characteristics may 
vary. Besides, if the environment of use changes, for ex- 
ample, when a new device such as an echo canceler is 
' provided in the signal path for echo control, the noise 
suppressor cannot fully function and high-quality trans- 
mitted speech or received speech cannot be obtained. 
[001 3] The object of the present invention is to provide * 
a signal processing apparatus and a mobile radio com- 
munication terminal wherein a noise suppressor can ful- 
ly function and high-quality speech can be transmitted 
and received even if the settings for use are varied due 
to switching of algorithm and rates or switching between 
a hands-free operation and a non-hands-free operation. 
[0014] In order to achieve the object, the invention of 
claim 1 provides a signal processing apparatus compris- 
ing: a noise suppressor having a plurality of different 
noise suppression characteristics, suppressing back- 
ground noise contained in a speech signal; a speech 
encoder having a plurality of different coding algorithm, 
encoding the suppressed speech signal by using one of 
the different coding algorithm; and wherein the noise 
suppressor selects one noise suppression characteris- 
tic in accordance with the used coding algorithm at the 
speech encoder. 

[0015] In the signal processing apparatus with this 
structure, in a case where plural different coding algo- 
rithm are selectively performed, a noise component con- 
tained in a speech signal is suppressed in a front stage 
in association with a coding algorithm performed in a 
rear stage. 

[0016] According to the signal processing apparatus 
with this structure, since the noise component is sup- 
pressed in association with the coding algorithm, the 
noise component is fully suppressed even if the content 
of the coding algorithm is varied, and high-quality 
speech can be transmitted. 

[0017] In order to achieve the object, the invention of 
claim 2 provides a signal processing apparatus compris- 
ing: a noise suppressor having a plurality of different 
noise suppression characteristics, suppressing back- 
ground noise contained in a speech signal; a speech 
encoder having a plurality of different coding rates, en- 
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coding the suppressed speech signal by using one of 
the different coding rates; and wherein the noise sup- 
pressor selects one noise suppression characteristic in 
accordance with the used coding rate at the speech en- 
coder. 

[0018] In the signal processing apparatus with this 
structure, in a case where plural different coding rates 
are selectively performed, a noise component contained 
in a speech signal is suppressed in a front stage in as- 
sociation with a coding rate performed in a rear stage. 
[0019] According to the signal processing apparatus 
with this structure, since the noise component is sup- 
pressed in association with the codings rate, the noise 
components is fully suppressed even if the coding rate 
is varied, and high-quality speech can be transmitted. 
[0020] In addition, in order to achieve the object, the 
invention of claim 10 provides a signal processing ap- 
paratus comprising: a speech decoder having a plurality 
of different decoding algorithm, decoding the encoded 
speech signal by using one of the different decoding al- 
gorithm; a noise suppressor having a plurality of differ- 
ent noise suppression characteristics, suppressing 
noise component contained in the decoded speech sig- 
nal; and wherein the noise suppressor selects one noise 
suppression characteristics in accordance with the used 
decoding algorithm at the speech encoder. 
[0021] In the signal processing apparatus with this 
structure, plural different decoding algorithm are selec- 
tively performed. When a noise component contained in 
the speech signal is suppressed in a rear stage, noise 
component suppression is performed in accordance 
with the performed decoding algorithm. 
[0022] According to the signal processing apparatus 
with this structure, since the noise component is sup- 
pressed in association with the decoding algorithm, the 
noise component is fully suppressed even if the content 
of the decoding algorithm is varied, and high-quality 
speech can be received. 

[0023] In order to achieve the object, the invention of 
claim 1 9 provides a signal processing apparatus for use 
in a device in which a hands-free function is selectively 
usable, the apparatus comprising: a noise suppressor 
having at least two different noise suppression charac- 
teristics, suppressing background noise contained in a 
speech signal ; and the noise suppressor having a switch 
which selects a suitable suppression characteristic from 
the different noise suppression characteristics in ac- 
cordance with the use of the hands-free function. 
[0024] In the signal processing apparatus with this 
structure, the noise component in the input speech sig- 
nal is suppressed in a manner varying depending on 
whether or not the speech signal has been input with 
use of the hands-free function. 

[0025] According to the signal processing apparatus 
with this structure, even if the signal input path is varied 
depending on whether or not the speech signal has 
been input with use of the hands-free function, the noise 
component is fully suppressed and high-quality speech 



can be received. 

[0026] In order to achieve the object, the invention of 
claim 22 provides a mobile radio communication termi- 
nal having a signal processing apparatus, the signal 
5 processing apparatus comprising: a noise suppressor 
having a plurality of different noise suppression charac- 
teristics, suppressing background noise contained in a 
speech signal; a speech encoder having a plurality of 
different coding algorithm, encoding the suppressed 
w speech signal by using one of the different coding algo- 
rithm; and wherein the noise suppressor selects one 
noise suppression characteristics in accordance with 
the used coding algorithm at the speech encoder. 
[0027] In the mobile radio communication terminal 
is with this structure, in a case where plural different cod- 
ing algorithm are selectively performed, a noise compo- 
nent contained in a speech signal is suppressed In a 
front stage in association with a coding algorithm per- 
formed in a rear stage. 

[0028] According to the mobile radio communication 
terminal with this structure, since the noise component 
is suppressed in association with the coding algorithm, 
the noise component is fully suppressed even if the con- 
tent of the coding algorithm is varied, and high-quality 
speech can be transmitted. 

[0029] In order to achieve the object, the invention of 
claim 23 provides a mobile radio communication termi- 
nal having a signal processing apparatus, the signal 
processing apparatus comprising: a noise suppressor 
having a plurality of different noise suppression charac- 
teristics, suppressing background noise contained in a 
speech signal; a speech encoder having a plurality of 
different coding rates, encoding the suppressed speech 
signal by using one of the different coding rates; and 
wherein the noise suppressor selects one noise sup- 
pression characteristics in accordance with the used 
coding rate at the speech encoder. 
[0030] In the mobile radio communication terminal 
with this structure, plural different decoding rates are se- 
lectively performed. When a noise component con- 
tained in the speech signal is suppressed in a rear stage, 
noise component suppression is performed in accord- 
ance with the used coding rate at the speech encoder. 
[0031] According to the mobile radio communication 
terminal with this structure, since the noise component 
is suppressed in association with the coding rate, the 
noise component is fully suppressed even if the coding 
rate is varied, and high-quality speech can be received. 
[0032] In order to achieve the object, the invention of 
claim 24 provides a signal processing apparatus com- 
prising: a noise suppressor having a plurality of different 
noise suppression characteristics, suppressing back- 
ground noise contained in a speech signal, where the 
number of the noise suppression characteristics is Q (Q: 
a positive integer); a speech encoder having a plurality 
of different coding algorithm, encoding the suppressed 
speech signal by using one of the different coding algo- 
rithm, where the number of the coding algorithm is P (P: 
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a positive integer); and wherein the noise suppressor 
selects one noise suppression characteristic in accord- 
ance with the used coding algorithm at the speech en- 
coder, the following relationship is established: P ^ Q > 
1. 

[0033] In the signal processing apparatus with this 
structure, in a case where coding processes of plural 
different coding algorithm are selectively performed, 
when a noise component contained in a speech signal 
is to be suppressed in a front stage, a noise suppressor 
for suppressing the noise component in association with 
the coding algorithm performed in a rear stage is select- 
ed from plural noise suppressors. The relationship be- 
tween the number P of the coding algorithm and the 
number Q of the noise suppressors is set to be- P ^ Q 
> 1 . 

[0034] According to the signal processing apparatus 
with this structure, even where the relationship between 
the number P of the coding algorithm and the number 
Q of the noise suppressors is set to be P ^ Q > 1 , the 
noise component can be suppressed in association with 
the coding algorithm. Therefore, even if the content of 
the coding algorithm is varied, the noise component is 
fully suppressed and high-quality speech can be trans- 
mitted. 

[0035] In order to achieve the object, the invention of 
claim 25 provides a signal processing apparatus com- 
prising: a noise suppressor having a plurality of different 
noise suppression characteristics, suppressing back- 
ground noise contained in a speech signal, where the 
number of the noise suppression characteristics is Q (Q: 
a positive integer); a speech encoder having a plurality 
of different coding rates, encoding the suppressed 
speech signal by using one of the different coding rates, 
where the number of the coding rates is R (R: a positive 
integer); and wherein the noise suppressor selects one 
noise suppression characteristic in accordance with the 
used coding rate at the speech encoder, the following 
relationship is established: R5Q>1. 
[0036] In the signal processing apparatus with this 
structure, in a case where coding algorithm of plural dif- 
ferent coding rates are selectively performed, when a 
noise component contained in a speech signal is to be 
suppressed in a front stage, a noise suppressor for sup- 
pressing the noise component in association with the 
coding algorithm performed in a rear stage Is selected 
from plural noise suppressors. The relationship be- 
tween the number R of the coding rates and the number 
Q of the noise suppressors is set to be: R § Q > 1 . 
[0037] According to the signal processing apparatus 
with this structure, even where the relationship between 
the number R of the coding rates and the number Q of 
the noise suppressors is set to be R ^ Q > 1 , the noise 
component can be suppressed in association with the 
coding algorithm. Therefore, even if coding rate is var- 
ied, the noise component is fully suppressed and high- 
quality speech can be transmitted. 
[0038] In order to achieve the object, the invention of 



claim 26 provides a signal processing apparatus com- 
prising: a noise suppressor having a plurality of different 
noise suppression characteristics, suppressing back- 
ground noise contained in a speech signal, the noise 
5 suppression characteristics is varied in accordance with 
a parameter set by a parameter setting means; a speech 
encoder having a plurality of different coding algorithm, 
encoding the suppressed speech signal by using one of 
the different coding algorithm, where the number of the 
10 coding algorithm is P (P: a positive integer); and wherein 
the parameter setting means set a suitable parameter 
so as to select an optimal noise suppression character- 
istic in accordance with the used coding algorithm at the 
speech encoder, where the number of the parameter is 
w S (S: a positive integer), the following relationship is es- 
tablished: R s S > 1 . 

[0039] In the signal processing apparatus with this 
structure, in a case where coding processes of plural 
different coding algorithm are selectively performed, 
^0 when a noise component contained in a speech signal 
is to be suppressed in a front stage, parameters are se- 
lected from plural parameters sets for a noise suppres- 
sor so thatthe noise suppressor may suppress the noise 
component with characteristics suitable for the coding 
25 algorithm performed in a rearstage. The relationship be- 
tween the number P of the coding algorithm and the 
number S of parameter sets is set to be: P ^ S > 1 . 
[0040] According to the signal processing apparatus 
with this structure, even where the relationship between 
30 the number P of the coding algorithm and the number 
S of the parameter sets is set to be P ^ S > 1 , the noise 
component can be suppressed in association with the 
coding algorithm. Therefore, even if the content of the 
coding algorithm is varied, the noise component is fully 
35 suppressed and high-quality speech can be transmitted. 
[0041] In order to achieve the object, the invention of 
claim 27 provides a signal processing apparatus com- 
prising: a noise suppressor having a plurality of different 
noise suppression characteristics, suppressing back- 
^0 ground noise contained in a speech signal, the noise 
suppression characteristics is varied in accordance with 
a parameter set by a parameter setting means; a speech 
encoder having a plurality of different coding rates, en- 
coding the suppressed speech signal by using one of 
45 the different coding rates, where the number of the cod- 
ing rates is R (R: a positive integer); and wherein the 
parameter setting means set a suitable parameter so as 
to select an optimal noise suppression characteristic in 
accordance with the used coding rate at the speech en- 
50 coder, where the number of the parameter is S (S: a pos- 
itive integer), the following relationship is established' R 
£ S > 1. 

[0042] In the signal processing apparatus with this 
structure, in a case where coding algorithm of plural dif- 
55 ferent coding rates are selectively performed, when a 
noise component contained in a speech signal is to be 
suppressed in a front stage, parameters are selected 
from plural parameter sets fora noise suppressor so that 
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the noise suppressor may suppress the noise compo- 
nent with characteristics suitable for the coding algo- 
rithm performed in a rear stage. The relationship be- 
tween the number R of the coding rates and the number 
S of parameter sets is set to be: R ^ S > 1 . 
[0043] According to the signal processing apparatus 
with this structure, even where the relationship between 
the number R of the coding rates and the number S of 
the parameter sets is set to be R i S > 1 , the noise 
component can be suppressed in association with the 
coding algorithm. Therefore, even if coding rate is var- 
ied, the noise component is fully suppressed and high- 
quality speech can be transmitted. 
[0044] This summary of the invention does not nec- 
essarily describe all necessary features so that the in- 
vention may also be a sub-combination of these de- 
scribed features. 

[0045] The invention can be more fully understood 
from the following detailed description when taken in 
conjunction with the accompanying drawings, in which: 

FIG. 1 is a section block diagram showing the struc- 
ture of a signal processing apparatus according to 
a first embodiment of the present invention; 
FIG. 2 is a flow chart illustrating the operation of the 
signal processing apparatus according to the first 
embodiment shown in FIG. 1; 
FIG. 3 is a section block diagram showing the struc- 
ture of a signal processing apparatus according to 
a second embodiment of the present invention; 
FIG. 4 is a flow chart illustrating the operation of the 
signal processing apparatus according to the sec- 
ond embodiment shown in FIG. 3; 
FIG. 5 is a section block diagram showing the struc- 
ture of a signal processing apparatus according to 
a third embodiment of the present invention; 
FIG. 6 is a flow chart illustrating the operation of the 
signal processing apparatus according to the third 
embodiment shown in FIG. 5; 
FIG. 7 is a section block diagram showing the struc- 
ture of a signal processing apparatus according to 
a fourth embodiment of the present invention; 
FIG. 8 is a flow chart illustrating the operation of the 
signal processing apparatus according to the fourth 
embodiment shown in FIG. 7; 
FIG. 9 shows a schematic structure of an input 
speech coding section, to which the signal process- 
ing apparatus of the present invention is applied; 
FIG. 10 is a section block diagram showing the 
structure of a modification of the third embodiment; 
FIG. 11 is a graph showing a relationship between 
a coding process and a noise suppression process 
in a case where the number of kinds of coding proc- 
esses is not equal to the number of kinds of noise 
suppression processes; 

FIG. 12 shows a schematic structure of an output 
speech decoding section, to which the signal 
processing apparatus of the present invention is ap- 
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plied; 

FIG. 13 shows an example of the structure wherein 
the invention is applied to the decoding systems; 
FIG. 14 is a flow chart illustrating the operation of 
5 the apparatus shown in FIG. 13; 

FIG. 15 is a section block diagram showing the 
structure of a modification of the speech coder in 
the signal processing apparatuses shown in FIGS. 
1-7; 

10 FIG. 16 is a section block diagram showing the 
structure of a modification of the noise suppressor 
in the signal processing apparatuses shown in 
FIGS. 1-7; 

FIG . 1 7 shows an example of parameters set in the 
15 noise suppressor shown in FIG. 16; 

FIG. 18 shows another example of parameters set 
in the noise suppressor shown in FIG. 16; 
FIG. 19 shows still another example of parameters 
set in the noise suppressor shown in FIG. 1 6; 
20 FIG. 20 is a section block diagram showing the 
structure of a modification of the noise suppressor 
in the signal processing apparatuses shown in 
FIGS. 1-7; 

FIG. 21 is a section block diagram showing the 
25 structure of a signal processing apparatus accord- 
ing to a fifth embodiment of the present invention; 
FIG. 22 is a flow chart illustrating the operation of 
the signal processing apparatus according to the 
fifth embodiment shown in FIG. 21 ; 
30 FIG. 23 is a section block diagram showing the 
structure of a signal processing apparatus accord- 
ing to a sixth embodiment of the present invention; 
and 

FIG. 24 is a flow chart illustrating the operation of 
35 the signal processing apparatus according to the 
sixth embodiment shown in FIG. 23. 

[0046] Embodiments of the present invention will now 
be described with reference to the accompanying draw- 
40 ings. 

[0047] FIG. 1 shows the structure of a signal process- 
ing apparatus according to a first embodiment of the 
present invention. 

[0048] Reference numeral 1 01 denotes a microphone 
45 for capturing a user's speech, converting it to an electric 
analog speech signal, and taking in the analog speech 
signal; 1 02 denotes an A/D converter for converting the 
analog speech signal taken in by the microphone 101 
to digital speech data; 110 denotes a noise suppressor 
so for suppressing background noise contained in the 
speech data by digital signal processing; 103 denotes 
speech data in which background noise has been sup- 
pressed by the noise suppressor 110; 120 denotes a 
speech coder for compressing and coding the digital 
55 speech data 103; and 104 denotes coded data com- 
pressed by the speech coder 120. 
[0049] The speech coder 120 includes, as three sec- 
tions for coding speech data by different algorithm, an 
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Algorithm-A coding section 121, an A!gori1hm-B coding 
section 122 and an Algorithm-C coding section 123. In 
addition, the speech coder 120 includes a coding algo- 
rithm switching control section 124. 
[0050] For example, the Algorithm-A coding section 5 
121 performs a coding process in which the coding rate 
is low but the quality of coded sound relative to back- 
ground noise is not good. The AJgorithm-C coding sec- 
tion 123 performs a coding process in which the coding 
rate is high and the quality of coded sound relative to 10 
background noise is relatively good. The Aigorithm-B 
coding section 122 performs a coding process capable 
of obtaining an intermediate speech quality between the 
Algorithm-A coding section 121 and the Algorithm-C 
coding section 123. 15 
[0051] In response to an external coding algorithm se- 
lect command 105, the coding algorithm switching con- 
trol section 124 effects switching among the Algorithm- 
A coding section 121, Aigorithm-B coding section 122 
and Algorithm-C coding section 123 so that one of them 20 
may function. In addition, the coding algorithm switching 
control section 124 delivers information representative 
of the coding algorithm chosen by the switching to the 
noise suppressor 110 as coding algorithm select infor- 
mation 106. 25 
[0052] The noise suppressor 110 includes, as three 
sections for suppressing background noise by different 
algorithm, an Algorithm-X noise suppress section 111, 
an Aigorithm-Y noise suppress section 112 and an Al- 
gorithm-Z noise suppress section 113. Each noise sup- 30 
press section has each different noise suppression 
characteristic. In addition, the noise suppressor 110 in- 
cludes a suppress algorithm switching control section 
114. 

[0053] In response to the coding algorithm select in- 35 
formation 106, the suppress algorithm switching control 
section 114 effects switching among the Algorithm-X 
noise suppress section 111, Algorithm-Y noise suppress 
section 1 1 2 and Algorithm-Z noise suppress section 1 1 3 
so that an optimal one of them may function. 40 
[0054] In the switching control by the suppress algo- 
rithm switching control section 114, the optimal noise 
suppress section (111, 112 or 113) is made to function 
in association with the coding section (121, 122 or 123) 
activated in the speech coder 120. Specifically, where 45 
the Algorithm-A coding section T21 functions, the Algo- 
rithm-X noise suppress section 111 is selected by the 
coding algorithm select information 106. Where the Al- 
gorithm-B coding section 122 functions, the Algorithm- 
Y noise suppress section 112 is selected by the coding so 
algorithm select information 106. Where the Algorithm- 
C coding section 123 functions, the Algorithm-Z noise 
suppress section 1 1 3 is selected by the coding algorithm 
select information 106. 

[0055] In order to optimize the correspondency be- 55 
tween the coding section and the noise suppress sec- 
tion, the Algorithm-X noise suppress section 111 , for ex- 
ample, adopts a spectral subtraction (SS) method in a 



frequency domain with a high noise suppress perform- 
ance, although somewhat complex processing needs to 
be performed. The Algorithm-Y noise suppress section 
112 adopts a similar SS method, in which, however, less 
complex processing needs to be performed than in the 
Algorithm-X noise suppress section 111. The Algorithm- 
Z noise suppress section 113 adopts an adaptive filter- 
ing method in a dime domain with a relatively simple 
scheme. 

[0056] The operation of the signal processing appa- 
ratus according to the first embodiment will now be de- 
scribed. FIG. 2 is a flow chart illustrating this operation. 
[0057] In a command input standby state in step 2a, 
if the coding algorithm select command 1 05 to the effect 
that "Use the Algorithm-A as the coding algorithm" has 
been input to the coding algorithm switching control sec- 
tion 124, control advances to step 2b to determine the 
designated coding algorithm. Since the designated cod- 
ing algorithm is the Algorithm-A in this case, control 
goes to step 2c. 

[0058] in step 2c, the coding algorithm switching con- 
trol section 1 24 controls switching so that the digital data 
1 03 may be input to the Algorithm-A coding section 121. 
Accordingly, the Algorithm-A coding section 121 begins 
coding the input digital data 103. 

[0059] In step 2c, in parallel with the switching control, 
the coding algorithm switching control section 124 out- 
puts, as the coding algorithm select information 1 06, the 
information to the effect that the Algorithm-A coding sec- 
tion 121 is to be used for coding the digital data 1 03 to 
the suppress algorithm switching control section 114. 
Control then goes to step 2d. 

[0060] In step 2d, the suppress algorithm switching 
control section 114 controls switching so that the output 
from the A/D converter 1 02 may enter the Algorithm-X 
noise suppress section 111, thereby effecting noise sup- 
pression by the Algorithm-X noise suppress section 111 , 
which is optimized for the coding by the Algorithm-A 
coding section 121 . Control then goes to step 2i. 
[0061] With this switching control operation, the out- 
put from the A/D converter 1 02 is subjected to noise sup- 
pression in the Algorithm-X noise suppress section 111 . 
The output from the Algorithm-X noise suppress section 
111 is input to the Algorithm-A coding section 121 as 
digital data 103. The digital data 103 is coded in the Al- 
gorithm-A coding section 121 and the resultant data is 
output as coded data 104. 

[0062] In step 2i, if the coding algorithm select com- 
mand 1 05 to the effect that "Use the Algoritbm-B as the 
coding algorithm" has been input to the coding algorithm 
switching control section 124, control advances to step 
2b to determine the designated coding algorithm. Since 
the designated coding algorithm is the Algorithm-B in 
this case, control goes to step 2e. 
[0063] In step 2e, the coding algorithm switching con- 
trol section 124 controls switching at a proper timing so 
that the digital data 103 may be input to the Algorithm- 
B coding section 1 22. Accordingly, the Algorithm-A cod- 
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ing section 1 21 stops functioning, and instead the Algo- 
rithm^ coding section 122 begins coding the input dig- 
ital data 103. 

[0064] I n step 2e, in parallel with the switching control, 
the coding algorithm switching control section 124 out- 
puts, as the coding algorithm select information 106, the 
information to the effect that the Algorithm-B coding sec- 
tion 122 is to be used for coding the digital data 103 to 
the suppress algorithm switching control section 114. 
Control then goes to step 2f. 

[0065] In step 2f, the suppress algorithm switching 
control section 114 controls switching so that the output 
from the A/D converter 102 may enter the Algorithm-Y 
noise suppress section 1 1 2, thereby effecting noise sup- 
pression by the Algorithm-Y noise suppress section 1 1 2, 
which is optimized for the coding by the Algorithm-B 
coding section 122. Control then goes to step 21. 
[0066] With this switching control operation, the out- 
put from the A/D converter 1 02 is subjected to noise sup- 
pression in the Algorithm-Y noise suppress section 1 1 2. 
The output from the Algorithm-Y noise suppress section 
112 is input to the Algorithm-B coding section 122 as 
digital data 1 03. The digital data 1 03 is coded in the Al- 
gorithm-B coding section 122 and the resultant data is 
output as coded data 104. 

[0067] In step 2i, if the coding algorithm select com- 
mand 1 05 to the effect that "Use the Algorithm-C as the 
coding algorithm" has been inputto the coding algorithm 
switching control section 124 while the digital data 103 
is being coded in the Algorithm-A coding section 121 or 
Algorithm-B coding section 122 as described above, 
. control advances to step 2b to determine the designated 
• coding algorithm. Since the designated coding algo- 
rithm is the Algorithm-C in this case, control goes to step 
■; 2g. 

; [0068] In step 2g, the coding algorithm switching con- 
trol section 124 controls switching at a proper timing so 
that the digital data 1 03 may be input to the Algorithm- 
C coding section 123. Accordingly, the Algorithm-A cod- 
ing section 121 or Algorithm-B coding section 122 stops 
functioning, and instead the Algorithm-C coding section 
123 begins coding the input digital data 103. 
[0069] In step 2g, in parallel with the switching control, 
the coding algorithm switching control section 124 out- 
puts, as the coding algorithm select information 1 06, the 
information to the effect that the Algorithm-C coding sec- 
tion 123 is to be used for coding the digital data 103 to 
the suppress algorithm switching control section 114. 
Control then goes to step 2h. 

[0070] In step 2h, the suppress algorithm switching 
control section 114 controls switching so that the output 
from the A/D converter 102 may enter the Algorithm-2 
noise suppress section 1 1 3, thereby effecting noise sup- 
pression by the Algorithm-Z noise suppress section 1 1 3, 
which is optimized for the coding by the Algorithm-C 
coding section 123. Control then goes to step 2i. 
[0071] With this switching control operation, the out- 
put from the A/D converter 1 02 is subjected to noise sup- 
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pression in the Algorithm-Z noise suppress section 113. 
The output from the Algorithm-Z noise suppress section 
113 is input to the Algorithm-C coding section 123 as 
digital data 103. The digital data 103 is coded in the Al- 
5 gorithm-C coding section 123 and the resultant data is 
output as compressed coded data 1 04. 
[0072] In step 2i, if no command is input, control goes 
to step 2j. In step 2j, it is determined whether a commu- 
nication end request is input. If the communication end 

10 request has been input, the present process is finished. 
If the communication end request is not input, command 
input is monitored once again in step 2i. 
[0073] As has been described above, in the signal 
processing apparatus having the above structure, when 

15 the compressed coded data 104 is to be acquired, the 
optimal noise suppress section (111 , 112 or 113) is ac- 
tivated in accordance with the coding section (121, 122 
or 123) functioning in the speech coder 120. 
[0074] According to the signal processing apparatus 

20 with the above structure, noise suppression is effected 
by the optimal noise suppress section for the coding by 
the speech coder 1 20. Thus, the noise suppress section 
functions with high performance, and high-quality 
speech can be transmitted. 

25 [0075] The present invention is not limited to the 
above-described embodiment. For example, in the first 
embodiment, the suppress algorithm switching control 
section 114 functions to activate the optimal.noise sup- 
press section in accordance with the coding section 

30 functioning in the speech coder 120, on the basis of the 
coding algorithm select information 1 06 from the coding 
algorithm switching control section 1 24. 
[0076] Instead, the suppress algorithm switching con- 
trol section 114 may function to activate the optimal 

35 noise suppress section in accordance with the coding 
section functioning in the speech coder 120, on the ba- 
sis of the coding algorithm select command 105. With 
this modification, the same advantage can also be ob- 
tained. 

40 [0077] In this case, the suppress algorithm switching 
control section 1 14 controls switching to activate the op- 
timal noise suppress section at a proper timing in con- 
sideration of the switching timing of the coding section 
in the speech coder 120. 

45 [0078] A signal processing apparatus according to a 
second embodiment of the present Invention will now 
be described. FIG. 3 shows the structure of this signal 
processing apparatus. 

[0079] Reference numeral 201 denotes a microphone 
50 for capturing a user's call speech, converting it to an 
electric analog speech signal, and taking in the analog 
speech signal; 202 an A/D converter for converting the 
analog speech signal taken in by the microphone 201 
to digital speech data; 210 a noise suppressor for sup- 
55 pressing background noise contained in the speech da- 
ta by digital signal processing; 203 speech data in which 
background noise has been suppressed by the noise 
suppressor 210; 220 a speech coder for compressing 
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and coding the digital speech data 203; and 204 coded 
data compressed by the speech coder 220. 
[0080] The speech coder 220 includes, as three sec- 
tions for coding speech data by different algorithm, an 
Algorithm-A coding section 221 , an Algorithm-B coding 
section 222 and an Algorithm-C coding section 223. In 
addition, the speech coder 220 includes a coding algo- 
rithm switching control section 224. 
[0081] For example, the Algorithm-A coding section 
221 performs a coding process in which the coding rate 
is low but the quality of coded sound relative to back- 
ground noise is not good. The Algorithm-C coding sec- 
tion 223 performs a coding process in which the coding 
rate is high and the quality of coded sound relative to 
background noise is relatively good. The Algorithm-B 
coding section 222 performs a coding process capable 
ol obtaining an intermediate speech quality between the 
Algorithm-A coding section 221 and the Algorithm-C 
coding section 223. 

[0082] In response to an external coding algorithm se- 
lect command 205, the coding algorithm switching con- 
trol section 224 effects switching among the Aigorithm- 
A coding section 221, Algorithm-B coding section 222 
and Algorithm-C coding section 223 so that one of them 
may function. In addition, the coding algorithm switching 
control section 224 delivers information representative 
of the coding algorithm chosen by the switching to the 
noise suppressor 210 as coding algorithm select infor- 
mation 206. 

[0083] The noise suppressor 210 comprises a noise 
suppress section 215, a parameter table 216 and a pa- 
rameter switching control section 217. 
[0084] The noise suppress section 215 suppresses 
background noise contained in speech data output from 
the A/D converter 202. The suppression characteristics 
for background noise suppression are controlled by pa- 
rameters input from the parameter table 21 6. 
[0085] The parameter table 216 stores parameters for 
setting the characteristics for background noise sup- 
pression to be effected by the noise suppress section 
215. Specifically, the parameter table 216 stores three 
parameter sets for providing optimal noise suppression 
characteristics for the respective coding algorithm of the 
Algorithm-A coding section 221, Algorithm-B coding 
section 222 and Algorithm-C coding section 223. An op- 
timal one of the parameter sets is input to the noise sup- 
press section 21 5 by the control of the parameter switch- 
ing control section 217. 

[0086] In the present embodiment, it is assumed that 
each parameter set comprises five parameters, and pa- 
rameter sets (three in this embodiment) are prepared 
for the respective coding algorithm. 
[0087] The parameter switching control section 217 
controls the parameter table 216. Thus, based on the 
coding algorithm select information 206, one of the pa- 
rameter sets, which is optimal for the coding section 
(221 , 222 or 223) functioning In the speech coder 220, 
can be selectively set in the noise suppress section 215. 



[0088] In order to optimize the correspondency be- 
tween the coding section and the parameter setting 
(noise suppress characteristic setting) in the noise sup- 
press section, the parameter set associated with the Al- 
5 gorithm-A coding section 221, for example, realizes 
such characteristics as to provide a relatively large noise 
suppression amount and to reduce noise as much as 
possible even if some distortion occurs in the speech 
component. The parameter set associated with the Al- 
io gorithm-C coding section 223 realizes such character- 
istics as to provide a relatively small noise suppression 
amount and to pass noise which can be naturally heard. 
[0089] The parameter set associated with the Algo- 
rithm-B coding section 222 provides intermediate char- 
15 acteristics between those for the Algorithm-A coding 
section 221 and those for the Algorithm-C coding sec- 
tion 223. 

[0090] The operation of the signal processing appa- 
ratus according to the second embodiment will now be 
20 described. FIG. 4 is a flow chart illustrating this opera- 
tion. 

[0091] In a command input standby state in step 4a, 
if the coding algorithm select command 205 to the effect 
that "Use the Algorithm-A as the coding algorithm" has 

25 been inputto the coding algorithm switching control sec- 
tion 224, control advances to step 4b to determine the 
designated coding algorithm. Since the designated cod- 
ing algorithm is the Algorithm-A in this case, control 
goes to step 4c. 

30 [0092] In step 4c, the coding algorithm switching con- 
trol section 224 controls switching so that the digital data 
203 may be input to the Algorithm-A coding section 221 . 
Accordingly, the Algorithm-A coding section 221 begins 
coding the input digital data 203. 

35 [0093] In step 4c, in parallel with the switching control, 
the coding algorithm switching control section 224 out- 
puts, as the coding algorithm select information 206, the 
information to the effect that the Algorithm-A coding sec- 
tion 221 is to be used for coding the digital data 203 to 

40 the parameter switching control section 217. Control 
then goes to step 4d. 

[0094] In step 4d, the parameter switching control 
section 217 controls the parameter table 216 to input 
the parameter set associated with the Algorithm-A cod- 

45 jng section 221 to the noise suppress section 215, so 
that the noise suppression characteristics of the noise 
suppress section 215 may become optimal for the cod- 
ing by the Algorithm-A coding section 221 . Control then 
goes to step 4i. 

so [0095] With this parameter setting (suppression char- 
acteristic setting) control operation, the output from the 
A/D converter 202 is subjected to noise suppression 
with the suppression characteristics suitable for the cod- 
ing by the Algorithm-A coding section 221 . The output 

55 from the noise suppress section 215 is input to the Al- 
gorithm-A coding section 221 as digital data 203. The 
digital data 203 is coded in the Algorithm-A coding sec- 
tion 221 and the resultant data is output as compressed 
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coded data 204. 

[0096] In step 4i, if the coding algorithm select com- 
mand 205 to the effect that "Use the Algorithm-B as the 
coding algorithm" has been input to the coding algorithm 
switching control section 224, controi advances to step 
4b to determine the designated coding algorithm. Since 
the designated coding algorithm is the Algorithm-B in 
this case, control goes to step 4e. 
[0097J In step 4e, the coding algorithm switching con- 
trol section 224 controls switching at a proper timing so 
that the digital data 203 may be input to the Algorithm- 
B coding section 222. Accordingly, the Algorithm-A cod- 
ing section 221 stops functioning, and instead the Algo- 
rithm-B coding section 222 begins coding the input dig- 
ital data 203. 

[0098] In step 4e, in parallel with the switching control, 
the coding algorithm switching control section 224 out- 
puts, as the coding algorithm select information 206 , the 
information to the effect that the Algorithm-B coding sec- 
tion 222 is to be used for coding the digital data 203 to 
the parameter switching control section 217. Control 
then goes to step 4f. 

[0099] In step 4f , the parameter switching control sec- 
tion 217 controls the parameter table 216 to input the 
parameter set associated with the Algorithm-B coding 
section 222 to the noise suppress section 215, so that 
the noise suppression characteristics of the noise sup- 
press section 215 may become optimal for the coding 
by the Algorithm-B coding section 222. Control then 
goes to step 4i. 

[0100] With this parameter setting (suppression char- 
. acteristic setting) control operation, the output from the 
; :A/D converter 202 is subjected to noise suppression 
with the suppression characteristics suitable for the cod- 
:, ing by the Algorithm-B coding section 222. The output 
.from the noise suppress section 215 is input to the Al- 
gorithm-B coding section 222 as digital data 203. The 
digital data 203 is coded in the Algorithm-B coding sec- 
tion 222 and the resultant data is output as compressed 
coded data 204. 

[0101] In step 4i, if the coding algorithm select com- 
mand 205 to the effect that "Use the Algorithm-C as the 
coding algorithm" has been input to the coding algorithm 
switching control section 224 while the digital data 203 
is being coded in the Algorithm-A coding section 221 or 
Algorithm-B coding section 222 as described above, 
control advances to step 4b to determine the designated 
coding algorithm. Since the designated coding algo- 
rithm is the Algorithm-C in this case, control goes to step 

4g. 

[01 02] In step 4g, the coding algorithm switching con- 
trol section 224 controls switching at a proper timing so 
that the digital data 203 may be input to the Algorithm- 
C coding section 223. Accordingly, the Algorithm-A cod- 
ing section 221 or Algorithm-B coding section 222 stops 
functioning, and instead the Algorithm-C coding section 
223 begins coding the input digital data 203. 
[01 03] In step 4g, in parallel with the switching control, 



the coding algorithm switching control section 224 out- 
puts, as the coding algorithm select information 206, the 
information to the effect that the Algorithm-C coding sec- 
tion 223 is to be used for coding the digital data 203 to 
5 the parameter switching control section 217. Control 
then goes to step 4h. 

[0104] In step 4h, the parameter switching control 
section 217 controls the parameter table 216 to input 
the parameter set associated with the Algorithm-C cod- 

10 ing section 223 to the noise suppress section 215, so 
that the noise suppression characteristics of the noise 
suppress section 21 5 may become optima! for the cod- 
ing by the Algorithm-C coding section 223. Control then 
goes to step 4i. 

is [0105] With this parameter setting (suppression char- 
acteristic setting) control operation, the output from the 
A/D converter 202 is subjected to noise suppression 
with the suppression characteristics suitable for the cod- 
ing by the Algorithm-C coding section 223. The output 

20 from the noise suppress section 215 is input to the Al- 
gorithm-C coding section 223 as digital data 203. The 
digital data 203 is coded in the Algorithm-C coding sec- 
tion 223 and the resultant data is output as compressed 
coded data 204. 

25 [0106] In step 4i, if no command is input, control goes 
to step 4j. In step 4j. it is determined whether a commu- 
nication end request is input. If the communication end 
request has been input, the present process is finished. 
If the communication end request is not input, command 

30 input is monitored once again in step 4i. 

[0107] As has been described above, in the signal 
processing apparatus having the above structure, when 
the compressed coded data 204 is to be acquired, the 
parameters in the noise suppress section 215 are varied 

35 in accordance with the coding section (221 , 222 or 223) 
functioning in the speech coder 220. Thereby, the noise 
suppression characteristics of the noise suppress sec- 
tion 215 are set to be optima! for the coding process. 
[0108] According to the signal processing apparatus 

40 with the above structure, optimal noise suppression is 
effected for the coding by the speech coder 220. Thus, 
the noise suppress section functions with high perform- 
ance, and high-quality speech can be transmitted. 
[0109] The present invention is not limited to the 

45 above-described embodiment. For example, In the sec- 
ond embodiment, the parameter switching control sec- 
tion 217 functions to optimize the noise suppression 
characteristics of the noise suppress section 215 in ac- 
cordance with the coding section functioning in the 

so speech coder 220, on the basis of the coding algorithm 
select information 206 from the coding algorithm switch- 
ing control section 224. 

[0110] Instead, the parameter switching control sec- 
tion 21 7 may function to optimize the noise suppression 
55 characteristics of the noise suppress section 215 in ac- 
cordance with the coding section functioning in the 
speech coder 220, on the basis of the coding algorithm 
select command 205. With this modification, the same 
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advantage can also be obtained. 
[0111] In this case, the parameter switching control 
section 21 7 performs a control to set the parameter set 
for obtaining the optimal noise suppression character- 
istics at a proper timing in consideration of the switching 
timing of the coding section in the speech coder 220. 
[0112] A signal processing apparatus according to a 
third embodiment of the present invention will now be 
described. FIG. 5 shows the structure of this signal 
processing apparatus. 

[0113] Reference numeral 301 denotes a microphone 
for capturing a user's call speech, converting it to an 
electric analog speech signal, and taking in the analog 
speech signal; 302 an A/D converter for converting the 
analog speech signal taken in by the microphone 301 
to digital speech data; 310 a noise suppressor for sup- 
pressing background noise contained in the speech da- 
ta by digital signal processing; 303 speech data in which 
background noise has been suppressed by the noise 
suppressor 310; 320 a speech coder for compressing 
and coding the digital speech data 303; and 304 coded 
data compressed by the speech coder 320. 
[01 1 4J The speech coder 320 includes, as three sec- 
tions for coding speech data by different coding rates, 
an rate-A coding section 321, a rate-B coding section 
322 and a rate-C coding section 323. In addition, the 
speech coder 320 includes a coding rate switching con- 
trol section 324. 

[0115] For example, the rate-A coding section 321 
has a lowest coding rate of the three coding sections. 
The rate-C coding section 323 has a highest coding rate 
of the three coding sections. The rate-B coding section 
322 has an intermediate coding rate between the rate- 
A coding section 321 and the rate-C coding section 323. 
[0116] In response to an external coding rate select 
command 305, the coding rate switching control section 
324 effects switching among the rate-A coding section 
321 , rate-B coding section 322 and rate-C coding sec- 
tion 323 so that one of them may function. In addition, 
the coding rate switching control section 324 delivers 
information representative of the coding rate chosen by 
the switch ing to the noise suppressor 31 0 as coding rate 
select information 306. 

[0117] The noise suppressor 310 includes, as three 
sections for suppressing background noise by different 
algorithm, an Aigorithm-X noise suppress section 311; 
an Algorithm-Y noise suppress section 312 and an Al- 
gorithm-Z noise suppress section 313. In addition, the 
noise suppressor 310 includes a suppress algorithm 
switching control section 314. 

[01 18] In response to the coding rate select informa- 
tion 306, the suppress algorithm switching control sec- 
tion 314 effects switching among the Algorithm-X noise 
suppress section 311 , Algorithm-Y noise suppress sec- 
tion 312 and A!gorithm-Z noise suppress section 313 so 
that an optimal one of them may function. 
[0119] In the switching control by the suppress algo- 
rithm switching control section 314, the optimal noise 



suppress section (311 , 312 or 313) is made to function 
in association with the coding section (321 , 322 or 323) 
activated in the speech coder 320. Specifically, where 
the rate-A coding section 321 functions, the Aigorrthm- 

5 X noise suppress section 31 1 is selected by the coding 
rate select information 306. Where the rate-B coding 
section 322 functions, the Algorithm-Y noise suppress 
section 312 is selected by the coding rate select infor- 
mation 306. Where the rate-C coding section 323 func- 

10 tions, the Algorithm-Z noise suppress section 313 is se- 
lected by the coding rate select information 306. 
[0120] In order to optimize the correspondency be- 
tween the coding section and the noise suppress sec- 
tion, the Algorithm-X noise suppress section 31 1 , for ex- 

15 ample, adopts a spectral subtraction (SS) method in a 
frequency domain with a high noise suppress perform- 
ance, although somewhat complex processing needs to 
be performed. The Algorithm-Y noise suppress section 
31 2 adopts a similar SS method, in which, however, less 

20 complex processing needs to be performed than in the 
Algorithm-X noise suppress section 31 1 . The Algorithm- 
Z noise suppress section 313 adopts an adaptive filter- 
ing method in a dime domain with a relatively simple 
scheme. 

25 [0121] The operation of the signal processing appa- 
ratus according to the third embodiment will now be de- 
scribed. FIG. 6 is a flow chart illustrating this operation. 
[0122] In a command input standby state in step 6a, 
if the coding rate select command 305 to the effect that 

30 "Use the rate-A as the coding rate" has been input to 
the coding rate switching control section 324, control ad- 
vances to step 6b to determine the designated coding 
rate. Since the designated coding rate is the rate-A in 
this case, control goes to step 6c. 

55 [0123] In step 6c, the coding rate switching control 
section 324 controls switching so that the digital data 
303 may be input to the rate-A coding section 321 . Ac- 
cordingly, the rate-A coding section 321 begins coding 
the input digital data 303. 

40 [01 24] In step 6c, in parallel with the switching control, 
the coding rate switching control section 324 outputs, 
as the coding rate select information 306, the informa- 
tion to the effect that the rate-A coding section 321 is to 
be used for coding the digital data 303 to the suppress 

45 algorithm switching control section 314, Control then 
goes to step 6d. 

[0125] In step 6d, the suppress algorithm switching 
control section 314 controls switching so that the output 
from the A/D converter 302 may enter the Algorithm-X 

50 noise suppress section 31 1 , thereby effecting noise sup- 
pression by the Algorithm-X noise suppress section 311, 
which is optimized for the coding by the rate-A coding 
section 321 . Control then goes to step 6i. 
[0126] With this switching control operation, the out- 

55 put from the A/D converter302 is subjected to noise sup- 
pression in the Algorithm-X noise suppress section 311 . 
The output from the Algorithm-X noise suppress section 
311 is input to the rate-A coding section 321 as digital 
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data 303. The digital data 303 is coded in the rate-A cod- 
ing section 321 and the resultant data is output as com- 
pressed coded data 304. 

[0127] In step 6i, if the coding rate select command 
305 to the effect that "Use the rate-B as the coding rate" 
has been input to the coding rate switching control sec- 
tion 324, control advances to step 6b to determine the 
designated coding rate. Since the designated coding 
rate is the rate-B in this case, control goes to step 6e. 
[0128] In step 6e, the coding rate switching control 
section 324 controls switching at a proper timing so that 
the digital data 303 may be input to the rate-B coding 
section 322. Accordingly, the rate-A coding section 321 
stops functioning, and instead the rate-B coding section 
322 begins coding the input digital data 303. 
[01 29] I n step 6e, in parallel with the switching control, 
the coding rate switching control section 324 outputs, 
as the coding rate select information 306, the informa- 
tion to the effect that the rate-B coding section 322 is to 
be used for coding the digital data 303 to the suppress 
algorithm switching control section 314. Control then 
goes to step 6f. 

[0130] In step 6f, the suppress algorithm switching 
control section 314 controls switching so that the output 
from the A/D converter 302 may enter the Algorithm-Y 
noise suppress section 312, thereby effecting noise 
suppression by the Algorithm-Y noise suppress section 
312, which is optimized for the coding by the rate-B cod- 
ing section 322. Control then goes to step 6L 
[0131] With this switching control operation, the out- 
put from the A/D converter 302 is subjected to noise sup- 
pression in the Algorithm-Y noise suppress section 312. 
The output from the Algorithm-Y noise suppress section 
.312 is input to the rate-B coding section 322 as digital 
data 303. The digital data 303 is coded in the rate-B cod- 
ing section 322 and the resultant data is output as com- 
pressed coded data 304. 

[0132] In step 6i, if the coding rate select command 
305 to the effect that "Use the rate-C as the coding rate" 
has been input to the coding rate switching control sec- 
tion 324 while the digital data 303 is being coded in the 
rate-A coding section 321 or rate-B coding section 322 
as described above, control advances to step 6b to de- 
termine the designated coding rate. Since the designat- 
ed coding rate is the rate-C in this case, control goes to 
step 6g. 

[0133] In step 6g, the coding rate switching control 
section 324 controls switching at a proper timing so that 
the digital data 303 may be input to the rate-C coding 
section 323. Accordingly, the rate-A coding section 321 
or rate-B coding section 322 stops functioning, and in- 
stead the rate-C coding section 323 begins coding the 
input digital data 303. 

[01 34] In step 6g, in parallel with the switching control, 
the coding rate switching control section 324 outputs, 
as the coding rate select information 306, the informa- 
tion to the effect that the rate-C coding section 323 is to 
be used for coding the digital data 303 to the suppress 



algorithm switching control section 1 314. Control then 
goes to step 6h. 

[0135] In step 6h, the suppress algorithm switching 
control section 314 controls switching so that the output 

5 from the A/D converter 302 may enter the Algorithm-Z 
noise suppress section 313, thereby effecting noise 
suppression by the Algorithm-Z noise suppress section 
313, which is optimized for the coding by the rate-C cod- 
ing section 323. Control then goes to step 6i. 

10 [0136] With this switching control operation, the out- 
put from the A/D converter 302 is subjected to noise sup- 
pression in the Algorithm-Z noise suppress section 313. 
The output from the Algorithm-Z noise suppress section 
313 is input to the rate-C coding section 323 as digital 

is data 303. The digital data 303 is coded in the rate-C 
coding section 323 and the resultant data is output as 
compressed coded data 304. 

[0137] In step 6i, if no command is input, control goes 
to step 6j. In step 6j. it is determined whether a commu- 

20 nication end request is input. If the communication end 
request has been input, the present process is finished. 
If the communication end request is not input, command 
input is monitored once again in step 6i, 
[0138] As has been described above, in the signal 

25 processing apparatus having the above structure, when 
the compressed coded data 304 is to be acquired, the 
optimal noise suppress section (311 , 312 or 31 3) is ac- 
tivated in accordance with the coding section (321 , 322 
or 323) functioning in the speech coder 320. 

30 [0139] According to the signal processing apparatus 
with the above structure, noise suppression is effected 
by the optimal noise suppress section for the coding by 
the speech coder 320. Thus, the noise suppress section 
functions with high performance, and high-quality 

35 speech can be transmitted. 

[0140] The present invention is not limited to the 
above-described embodiment. For example, in the third 
embodiment, the suppress algorithm switching control 
section 314 functions to activate the optimal noise sup- 

40 press section in accordance with the coding section 
functioning in the speech coder 320, on the basis of the 
coding rate select information 306 from the coding rate 
switching control section 324. 

[01 41 ] Instead, the suppress algorithm switching con- 
45 trol section 314 may function to activate the optimal 
noise suppress section in accordance with the coding 
section functioning in the speech coder 320, on the ba- 
sis of the coding rate select command 305. With this 
modification, the same advantage can also be obtained. 
50 [0142] In this case, the suppress algorithm switching 
control section 314 controls switching to activate the op- 
timal noise suppress section at^proper timing in con- 
sideration of the switching timing of the coding section 
in the speech coder 320. 
55 [0143] A signal processing apparatus according to a 
fourth embodiment of the present invention will now be 
described. FIG. 7 shows the structure of this signal 
processing apparatus. 
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[0144] Reference numeral 401 denotes a microphone 
for capturing a user's call speech, converting it to an 
electric analog speech signal, and taking in the analog 
speech signal; 402 an A/D converter for converting the 
analog speech signal taken in by the microphone 401 
to digital speech data; 410 a noise suppressor for sup- 
pressing background noise contained in the speech da- 
ta by digital signal processing; 403 speech data in which 
background noise has been suppressed by the noise 
suppressor 410; 420 a speech coder for compressing 
and coding the digital speech data 403; and 404 coded 
data compressed by the speech coder 420. 
[0145] The speech coder 420 includes, as three sec- 
tions for coding speech data by different coding rates, 
an rate-A coding section 421 , a rate-B coding section 
422 and a rate-C coding section 423. In addition, the 
speech coder 420 includes a coding rate switching con- 
trol section 424. 

[0146] For example, the rate-A coding section 421 
has a lowest coding rate of the three coding sections. 
The rate-C coding section 423 has a highest coding rate 
of the three coding sections. The rate-B coding section 
422 has an intermediate coding rate between the rate- 
A coding section 421 and the rate-C coding section 423. 
[0147] In response to an external coding rate select 
command 405, the coding rate switching control section 
424 effects switching among the rate-A coding section 
421 , rate-B coding section 422 and rate-C coding sec- 
tion 423 so that one of them may function. In addition, 
the coding rate switching control section 424 delivers 
information representative of the coding rate chosen by 
the switch ing to the noise suppressor 41 0 as coding rate 
select information 406. 

[0148] The noise suppressor 410 comprises a noise 
suppress section 415, a parameter table 416 and a pa- 
rameter switching control section 41 7. 
[0149] The noise suppress section 415 suppresses 
background noise contained in speech data output from 
the A/D converter 402. The suppression characteristics 
for background noise suppression are controlled by pa- 
rameters input from the parameter table 41 6. 
[01 50] The parameter table 41 6 stores parameters for 
setting the characteristics for background noise sup- 
pression to be effected by the noise suppress section 
415. Specifically, the parameter table 416 stores three 
parameter sets for providing optimal noise suppression 
characteristics for the respective coding rates of the 
rate-A coding section 421, rate-B coding section 422 
and rate-C coding section 423. An optimal one of the 
parameter sets is input to the noise suppress section 
415 by the control of the parameter switching control 
section 417. 

[0151] The parameter switching control section 417 
controls the parameter table 416. Thus, based on the 
coding rate select information 406, one of the parameter 
sets, which is optimal for the coding section (421, 422 
or 423) functioning in the speech coder 420, can be se- 
lectively set in the noise suppress section 415. 



[0152] In order to optimize the correspondency be- 
tween the coding section and the parameter setting 
(noise suppress characteristic setting) in the noise sup- 
press section, the parameter set associated with the 
5 rate-A coding section 421, for example, realizes such 
characteristics as to provide a relatively large noise sup- 
pression amount and to reduce noise as much as pos- 
sible even if some distortion occurs in the speech com- 
ponent. The parameter set associated with the rate-C 
10 coding section 423 realizes such characteristics as to 
provide a relatively small noise suppression amount and 
to pass noise which can be naturally heard. 
[01 53] The parameter set associated with the rate-B 
coding section 422 provides intermediate characteris- 
es tics between those for the rate-A coding section 421 and 
those for the rate-C coding section 423. 
[0154] The operation of the signal processing appa- 
ratus according to the fourth embodiment will now be 
described. FIG. 8 is a flow chart illustrating this opera- 
te tion. 

[0155] In a command input standby state in step 8a, 
if the coding rate select command 405 to the effect that 
"Use the rate-A as the coding rate" has been input to 
the coding rate switching control section 424, control ad- 

25 vances to step 8b to determine the designated coding 
rate. Since the designated coding rate is the rate-A in 
this case, control goes to step 8c. 
[0156] In step 8c, the coding rate switching control 
section 424 controls switching so that the digital data 

30 403 may be input to the rate-A coding section 421 . Ac- 
cordingly, the rate-A coding section 421 begins coding 
the input digital data 403. 

[0157] In step 8c, in parallel with the switching control, 
the coding rate switching control section 424 outputs, 
35 as the coding rate select information 406, the informa- 
tion to the effect that the rate-A coding section 421 is to 
be used for coding the digital data 403 to the parameter 
switching control section 41 7. Control then goes to step 
8d. 

40 [0158] In step 8d, the parameter switching control 
section 417 controls the parameter table 416 to input 
the parameter set associated with the rate-A coding sec- 
tion 421 to the noise suppress section 415, so that the 
noise suppression characteristics of the noise suppress 

45 section 41 5 may become optimal for the coding by the 
rate-A coding section 421 . Control then goes to step 8i. 
[0159] With this parameter setting (suppression char- 
acteristic setting) control operation the output from the 
A/D converter 402 is subjected to noise suppression 

50 with the suppression characteristics suitable for the cod- 
ing by the rate-A coding section 421 . The output from 
the noise suppress section 415 is input to the rate-A cod- 
ing section 421 as digital data 403. The digital data 403 
is coded in the rate-A coding section 421 and the result- 

55 ant data is output as compressed coded data 404. 
[0160] In step 8i, if the coding rate select command 
405 to the effect that "Use the rate-B as the coding rate" 
has been input to the coding rate switching control sec- 
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tion 424, control advances to step 8b to determine the 
designated coding rate. Since the designated coding 
rate is the rate-B in this case, control goes to step 8e. 
[0161] In step 8e, the coding rate switching control 
section 424 controls switching at a proper timing so that 
the digital data 403 may be input to the rate-B coding 
section 422. Accordingly, the rate-A coding section 421 
stops functioning, and instead the rate-B coding section 
422 begins coding the input digital data 403. 
[01 62] In step 8e, in parallel with the switching control, 
the coding rate switching control section 424 outputs, 
as the coding rate select information 406, the informa- 
tion to the effect that the rate-B coding section 422 is to 
be used for coding the digital data 403 to the parameter 
switching control section 41 7. Control then goes to step 
8f. 

[0163] In step 8f, the parameter switching control sec- 
tion 417 controls the parameter table 416 to input the 
parameter set associated with the rate-B coding section 
422 to the noise suppress section 41 5, so that the noise 
suppression characteristics of the noise suppress sec- 
tion 41 5 may become optimal for the coding by the rate- 
B coding section 422. Control then goes to step 8i. 
[0164] With this parameter setting (suppression char- 
acteristic setting) control operation, the output from the 
A/D converter 402 is subjected to noise suppression 
with the suppression characteristics suitable for the cod- 
ing by the rate-B coding section 422. The output from 
the noise suppress section 41 5 is input to the rate-B cod- 
ing section 422 as digital data 403. The digital data 403 
is coded in the rate-B coding section 422 and the result- 
ant data is output as compressed coded data 404. 
.[0165] In step 8i, if the coding rate select command 
',405 to the effect that "Use the rate-C as the coding rate" 
has been input to the coding rate switching control sec- 
tion 424 while the digital data 403 is being coded in the 
rate-A coding section 421 or rate-B coding section 422 
as described above, control advances to step 8b to de- 
termine the designated coding rate. Since the designat- 
ed coding rate is the rate-C in this case, control goes to 
step Bg. 

[0166] In step 8g, the coding rate switching control 
section 424 controls switching at a proper timing so that 
the digital data 403 may be input to the rate-C coding 
section 423. Accordingly, the rate-A coding section 421 
or rate-B coding section 422 stops functioning, and in- 
stead the rate-C coding section 423 begins coding the 
input digital data 403. 

[0167] In step 8g, in parallel with the switching control, 
the coding rate switching control section 424 outputs, 
as the coding rate select information 406, the informa- 
tion to the effect that the rate-C coding section 423 is to 
be used for coding the digital data 403 to the parameter 
switching control section 41 7. Control then goes to step 
8h. 

[0168] In step 8h, the parameter switching control 
section 417 controls the parameter table 416 to input 
the parameter set associated with the rate-C coding 



section 423 to the noise suppress section 415, so that 
the noise suppression characteristics of the noise sup- 
press section 415 may become optimal for the coding 
by the rate-C coding section 423. Control then goes to 
5 step 8i. 

[0169] With this parameter setting (suppression char- 
acteristic setting) control operation the output from the 
A/D converter 402 is subjected to noise suppression 
with the suppression characteristics suitable for the cod- 

10 jng by the rate-C coding section 423. The output from 
the noise suppress section 415 is input to the rate-C 
coding section 423 as digital data 403. The digital data 
403 is coded in the rate-C coding section 423 and the 
resultant data is output as compressed coded data 404. 

15 [0170] In step 8i, if no command is input, control goes 
to step 8j. In step 8j : it is determined whether a commu- 
nication end request is Input. If the communication end 
request has been input, the present process is finished. 
If the communication end request is not input, command 

20 input is monitored once again in step 8i. 

[0171] As has been described above, in the signal 
processing apparatus having the above structure, when 
the compressed coded data 404 is to be acquired, the 
parameters in the noise suppress section 415 are varied 

25 in accordance with the coding section (421 , 422 or 423) 
functioning in the speech coder 420. Thereby, the noise 
suppression characteristics of the noise suppress sec- 
tion 415 are set to be optimal for the coding process. 
[0172] According to the signal processing apparatus 

30 with the above structure, optimal noise suppression is 
effected for the coding by the speech coder 420. Thus, 
the noise suppress section functions with high perform- 
ance, and high-quality speech can be transmitted. 
[0173] The present invention is not limited to the 

35 above-described embodiment. For example, in the 
fourth embodiment, the parameter switching control 
section 41 7 functions to optimize the noise suppression 
characteristics of the noise suppress section 415 in ac- 
cordance with the coding section functioning in the 

40 speech coder 420, on the basis of the coding rate select 
information 406 from the coding rate switching control 
section 424. 

[0174] Instead, the parameter switching control sec- 
tion 417 may function to optimize the noise suppression 

45 characteristics of the noise suppress section 415 in ac- 
cordance with the coding section functioning in the 
speech coder 420, on the basis of the coding rate select 
command 405. With this modification, the same advan- 
tage can also be obtained. 

50 [0175] In this case, the parameter switching control 
section 41 7 performs a control to set the parameter set 
for obtaining the optimal noise suppression character- 
istics at a proper timing in consideration of the switching 
timing of the coding section in the speech coder 420. 

55 [0176] As is epitomized in FIG. 9, in the first to fourth 
embodiments, speech to be transmitted is coded. In 
FIG. 9, reference numeral 1 denotes a microphone, and 
2 an A/D converter. A noise suppressor 1 0 corresponds 
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to the noise suppressor 110, 210, 310, 410, and a 
speech coder 20 corresponds to the speech coder 1 20, 
220, 320, 420. 

[0177] In the first and second embodiments, it is as- 
sumed that the number of coding algorithm (i.e. three; 5 
Algorithm-A, Algorithm-B, and Algorithm-C) is equal to 
the number of noise suppress algorithm (i.e. three; Al- 
gorithm-X, Algorithm-Y, and Algorithm-Z), and that the 
number of coding algorithm is equal to the number of 
parameter sets which are set in the noise suppress sec- 10 
tion. 

[0178] In the third and fourth embodiments, too, it is 
assumed that the number of coding rates (i.e. three; 
rate-A, rate-B, and rate-C) is equal to the number of 
noise suppress algorithm (i.e. three; Algorithm-X, Algo- 15 
rithm-Y, and Algorithm-Z), and that the number of coding 
rates is equal to the number of parameter sets which 
are set in the noise suppress section. 
[0179] However, in practicing the present invention, 
the number of coding algorithm may not be equal to the 20 
number of noise suppress algorithm, and the number of 
coding algorithm may not be equal to the number of pa- 
rameter sets which are set in the noise suppress sec- 
tion. 

[0180] Besides, the number of coding rates may not 25 
be equal to the number of noise suppress algorithm, and 
the number of coding rates may not be equal to the 
number of parameter sets which are set in the noise sup- 
press section. 

[0181] Referring to the third embodiment, as shown 30 
in FIG. 10, for example, eight coding sections (rate-A, 
rate-B, rate-C,..., rate- H) may be provided in the speech 
coder 320, and two noise suppress sections, i.e. an Al- 
gorithm-X noise suppress section and an Algorithm-Y 
noise suppress section, may be provided in the noise 35 
suppressor 310. 

[0182] For example, as shown in FIG. 11, the Algo- 
rithm-X noise suppress section 31 1 may be used in as- 
sociation with the rate-A coding section 321 whose 
speech quality is not good, and the Algorithm-Y noise 40 
suppress section 312 may be used in association with 
the coding sections with the other coding rates. 
[0183] Besides, the Algorithm-X noise suppression 
may be adopted for the rate-A, rate-B, rate-C and rate- 
D, and the Algorithm-Y noise suppression may be 45 
adopted forthe rate-E, rate-F, rate-G and rate-H. Need- 
less to say, in this way, various modifications are possi- 
ble. 

[0184] In short, it is important to associate in advance 
the coding rates with the noise suppression algorithm to so 
be used in accordance with the coding rates (or the pa- 
rameter sets to be set for noise suppression control in 
accordance with the coding rates). Thereby, various em- 
bodiments of the present invention can be realized. 
[01 85] As regards the first embodiment shown in FIG. 55 
1, where the number of coding sections with different 
coding algorithm in the speech coder 120 is P (= a pos- 
itive integer) and the number of noise suppress sections 



with different noise suppress algorithm in the noise sup- 
pressor 110 is Q (= a positive integer), it should suffice 
if the following relationship is established: 

P ^ Q > 1. 

[0186] As regards the second embodiment shown in 
FIG. 3, where the number of coding sections with differ- 
ent coding algorithm in the speech coder 220 is P (= a 
positive integer) and the number of parameter sets to 
be set in the noise suppress section 215 of the noise 
suppressor 21 0 is S (= a positive integer), it should suf- 
fice if the following relationship is established: 

PSS>1. 

[0187] As regards the third embodiment shown in 
FIG. 5, where the number of coding sections with differ- 
ent coding rates in the speech coder 320 is R (= a pos- 
itive integer) and the number of noise suppress sections 
with different noise suppress algorithm in the noise sup- 
pressor 310 is Q (= a positive integer), it should suffice 
if the following relationship is established: 

R ^ Q> 1. 

[0188] As regards the fourth embodiment shown in 
FIG. 7, where the number of coding sections with differ- 
ent coding algorithm in the speech coder 420 is R (= a 
positive integer) and the number of parameter sets to 
be set in the noise suppress section 415 of the noise 
suppressor 41 0 is S (= a positive integer), it should suf- 
fice if the following relationship is established: 

R s S> 1. 

[01 89] The present invention is applicable not only to 
the coding of speech to be transmitted, as described 
above, but also to decoding of coded speech data, as 
illustrated in FIG. 12. 

[0190] In FIG. 12, reference numeral 3 denotes a 
loudspeaker, and 4 a D/A converter. Reference numeral 
40 denotes a speech decoder for decoding speech data 
by selectively using a plurality of decoding algorithm or 
a plurality of coding rates. A noise suppressor 30 per- 
forms an optimal background noise suppression proc- 
ess in accordance with the decoding process of the 
speech decoder 40. 

[0191] Where the present invention is applied to the 
decoding process, like the coding process, the struc- 
tures according to the four embodiments can be adopt- 
ed. Even where the decoding algorithm or coding rate 
is switched in these structures, the noise suppresser 
can function with high performance, and high-quality 
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speech can be received. 

[01 92] The present invention can easily be applied to 
decoding systems by a person skilled in the art on the 
basis of the above descriptions and FIGS. 1 to 11 , if the 
"coding" in the descriptions is read as "decoding" and 
the flow of signals as shown in FIG. 12 is adopted. 
[0193] A description will now be given of an example 
of the decoding as applied to the above-described first 
embodiment. FIG. 13 shows the structure in this exam- 
ple. 

[0194] In FIG. 13, reference numeral 104a denotes 
compressed coded data; 1 20a a speech decoder for de- 
compressing the decoded data 104a to speech data 
103; 110a a noise suppressor for suppressing back- 
ground noise contained in the speech data 103; 102a a 
D/A converter for converting the speech data, in which 
the background noise has been suppressed by the 
noise suppressor 1 1 0a, to an analog speech signal; and 
101 a a loudspeaker for outputting the analog speech 
signal. 

[0195] The speech decoder 120a includes, as three 
sections for decoding coded speech data by different 
algorithm, an Algorithm-A decoding section 1 21 a, an Al- 
gorithm-B decoding section 122a and an Algorithm-C 
decoding section 123a. In addition, the speech decoder 
120a includes a decoding algorithm switching control 
section 124a. 

[0196] For example, the Algorithm-A decoding sec- 
tion 121 a performs a decoding process in which the de- 
coding rate is low but the quality of decoded sound rel- 
ative to background noise is not good. The Algorithm-C 
decoding section 123a performs a decoding process in 
which the decoding rate is high and the quality of de- 
coded sound relative to background noise is relatively 
. good. The Algorithm-B decoding section 122a performs 
. a decoding process capable of obtaining an intermedi- 
ate speech quality between the Algorithm-A decoding 
section 121a and the Algorithm-C decoding section 
123a. 

[0197] In response to an external decoding algorithm 
select command 105a, the decoding algorithm switch- 
ing control section 1 24a effects switching among the Al- 
gorithm-A decoding section 121a, Algorithm-B decod- 
ing section 122a and Algorithm-C decoding section 
123a so that one of them may function. In addition, the 
decoding algorithm switching control section 124a de- 
livers information representative of the decoding algo- 
rithm chosen by the switching to the noise suppressor 
110a as decoding algorithm select information 106a. 
[0198] The noise suppressor 110a includes, as three 
sections for suppressing background noise by different 
algorithm, an Algorithm-X noise suppress section 111a, 
an Algorithrn-Y noise suppress section 112a and an Al- 
gorithm-Z noise suppress section 113a. In addition, the 
noise suppressor 110a includes a suppress algorithm 
switching control section 114a. 

[0199] In response to the decoding algorithm select 
information 1 06a, the suppress algorithm switching con- 



trol section 114a effects switching among the Algorithm- 
X noise suppress section 111a, Algorithm-Y noise sup- 
press section 11 2a and Algorithm-Z noise suppress sec- 
tion 113a so that an optimal one of them may function. 

s [0200] In the switching control by the suppress algo- 
rithm switching control section 114a, the optimal noise 
suppress section (111a, 112a or 113a) is made to func- 
tion in association with the decoding section (121a, 
122a or 123a) activated in the speech decoder 120a. 

fo Specifically, where the Algorithm-A decoding section 
121a functions, the Algorithm-X noise suppress section 
111a is selected by the decoding algorithm select infor- 
mation 106a. Where the Algorithm-B decoding section 
122a functions, the Algorithm-Y noise suppress section 

15 11 2a is selected by the decoding algorithm select infor- 
mation 106a. Where the Algorithm-C decoding section 
123a functions, the Algorithm-Z noise suppress section 
113a is selected by the decoding algorithm select infor- 
mation 106a. 

20 [0201] . In order to optimize the correspondency be- 
tween the decoding section and the noise suppress sec- 
tion, the Algorithm-X noise suppress section 111a, for 
example, adopts a spectral subtraction (SS) method in 
a frequency domain with a high noise suppress perform- 

25 ance, although somewhat complex processing needs to 
be performed. The Algorithm-Y noise suppress section 
112a adopts a similar SS method, in which, however, 
less complex processing needs to be performed than in 
the Algorithm-X noise suppress section 111a. The Algo- 

30 rithm-Z noise suppress section 113a adopts an adaptive 
filtering method in a time domain with a relatively simple 
scheme. 

[0202] The operation of the signal processing appa- 
ratus with the above structure will now be described. 

35 FIG. 14 is a flow chart illustrating this operation. 

[0203] In a command input standby state in step 1 4a, 
if the decoding algorithm select command 1 05a to the 
effect that "Use the Algorithm-A as the decoding algo- 
rithm" has been input to the decoding algorithm switch- 

40 ing control section 124a, control advances to step 14b 
to determine the designated decoding algorithm. Since 
the designated decoding algorithm is the Algorithm-A in 
this case, control goes to step 14c. 
[0204] In step 14c, the decoding algorithm switching 

45 control section 124a controls switching so that the cod- 
ed data 1 04a may be input to the Algorithm-A decoding 
section 121a. Accordingly, the Algorithm-A decoding 
section 121a begins decoding the input coded data 
104a. 

so [0205] In step 14c, in parallel with the switching con- 
trol, the decoding algorithm switching control section 
124a outputs, as the decoding algorithm select informa- 
tion 106a, the information to the effect that the Algo- 
rithm-A decoding section 121a is to be used for decod- 

55 ing the coded data 104a to the suppress algorithm 
switching control section 114a. Control then goes to step 
14d. 

[0206] In step 14d, the suppress algorithm switching 
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control section 114a controls switching so that the out- 
put from the speech decoder 1 20a may enter the Algo- 
rithm^ noise suppress section 111a, thereby effecting 
noise suppression by the Algorithm-X noise suppress 
section 111a, which is optimized for the decoding by the 
Algorithm-A decoding section 121a. Control then goes 
tostep14i. 

[0207] With this switching control operation, the cod- 
ed data 104a is decoded by the Algorithm-A decoding 
section 121a and subjected to noise suppression in the 
Algorithm-X noise suppress section 111a. The output 
from the Algorithm-X noise suppress section 111a is D/ 
A converted by the D/A converter 1 02a and output from 
the loudspeaker 101a. 

[0208] In step 14i, if the decoding algorithm select 
command 105a to the effect that "Use the Algorithm-B 
as the decoding algorithm" has been input to the decod- 
ing algorithm switching control section 124a, control ad- 
vances to step 14b to determine the designated decod- 
ing algorithm. Since the designated decoding algorithm 
is the Algorithm-B in this case, control goes to step 14e. 
[0209] In step 14e, the decoding algorithm switching 
control section 124a controls switching at a proper tim- 
ing so that the coded data 1 04a may be input to the Al- 
gorithm-B decoding section 122a. Accordingly, the Al- 
gorithm-A decoding section 121a stops functioning, and 
instead the Algorithm-B decoding section 122a begins 
decoding the input coded data 1 04a. 
[0210] In step 14e, in parallel with the switching con- 
trol, the decoding algorithm switching control section 
124a outputs, as the decoding algorithm select informa- 
tion 106a, the information to the effect that the Algo- 
rithm-B decoding section 1 22a is to be used for decod- 
ing the coded data 104a to the suppress algorithm 
switching control section 1 1 4a. Control then goes to step 
14f. K 

[0211] In step 14f, the suppress algorithm switching 
control section 114a controls switching so that the 
speech data 103a from the speech decoder 120a may 
enter the Algorithm-Y noise suppress section 112a, 
thereby effecting noise suppression by the Algorithm-Y 
noise suppress section 112a, which is optimized for the 
. decoding by the Algorithm-B decoding section 122a. 
Control then goes to step 14i. 

[0212] With this switching control operation, the cod- 
ed data 104a is decoded by the Algorithm-B decoding 
section 122a and subjected to noise suppression in the 
Algorithm-Y noise suppress section 112a. The output 
from the Algorithm-Y noise suppress section 1 1 2 is D/A 
converted by the D/A converter 102a and output from 
the loudspeaker 101a. 

[0213] In step I4i, if the decoding algorithm select 
command 1 05a to the effect that "Use the Algorithm-C 
as the decoding algorithm" has been input to the decod- 
ing algorithm switching control section 124a while the 
coded data 1 04a is being coded in the Algorithm-A de- 
coding section 121a or Algorithm-B decoding section 
1 22a as described above, control advances to step 1 4b 



to determine the designated decoding algorithm. Since 
the designated decoding algorithm is the Algorithm-C in 
this case, control goes to step 14g. 
[0214] In step 14g, the decoding algorithm switching 
5 control section 1 24a controls switching at a proper tim- 
ing so that the coded data 1 04a may be input to the Al- 
gorithm-C decoding section 123a. Accordingly, the Al- 
gorithm-A decoding section 121 a or Algorithm-B decod- 
ing section 122a stops functioning, and instead the Al- 
10 gorithm-C decoding section 123a begins decoding the 
input coded data 104a. 

[0215] In step 1 4g, in parallel with the switching con- 
trol, the decoding algorithm switching control section 
1 24a outputs, as the decoding algorithm select informa- 
*s tion 106a, the information to the effect that the Algo- 
rithm-C decoding section 123a is to be used for decod- 
ing the coded data 104a to the suppress algorithm 
switch ing control section 1 1 4a. Control then goes to step 
14h. 

20 [0216] In step 14h, the suppress algorithm switching 
control section 114a controls switching so that the 
speech data 103a from the speech decoder 120a may 
enter the Algorithm-Z noise suppress section 113a, 
thereby effecting noise suppression by the Algorithm-Z 
25 noise suppress section 1 13a, which is optimized for the 
decoding by the Algorithm-C decoding section 123a. 
Control then goes to step 14j. 

[0217] With this switching control operation, the cod- 
ed data 104a is decoded by the Algorithm-C decoding 
30 section 1 23a and subjected to noise suppression in the 
Algorithm-Z noise suppress section 113a. The output 
from the Algorithm-Z noise suppress section 113a is D/ 
A converted by the D/A converter 1 02a and output from 
the loudspeaker 101a. 
35 [0218] In step 14i, if no command is input, control 
goes to step 14j. In step 14j, it is determined whether a 
communication end request is input. If the communica- 
tion end request has been input, the present process is 
finished. If the communication end request is not input, 
to command input is monitored once again in step 14i. 
[0219] As has been described above, in the signal 
processing apparatus having the above structure, when 
speech is to be output from the loudspeaker, the optimal 
noise suppress section (111 a, 112a or 113a) is activated 
^5 jn accordance with the decoding section (1 21 a, 1 22a or 
123a) functioning in the speech decoder 120a! 
[0220] According to the signal processing apparatus 
with the above structure, noise suppression is effected 
by the optimal noise suppress section for the decoding 
50 by the speech decoder 1 20a. Thus, the noise suppress 
section functions with high performance, and high-qual- 
ity speech can be output from the loudspeaker. 
[0221 ] In the meantime, in the third and fourth embod- 
iments, the three sections are selectively used in the 
55 speech coder 320 (420) with the variable coding rate, 
as shown in FIG. 5 and FIG. 7. 

[0222] However, the present invention is not limited to 
this structure. As is shown in FIG. 15, parameters in one 
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coding section 725 provided in a speech coder 720 may 
be varied so that the coding rate may be altered. 
[0223] In the structure shown in FIG. 15, parameter 
sets for coding with plural coding rates are stored in a 
parameter table 726 in advance. Responding to a re- 
quest from the outside, a coding rate switching control 
section 727 causes the parameter table 726 to output 
an optimal parameter set to the coding section 725. 
[0224] Even where the speech coder 720 with this 
structure is used, the noise suppress section can func- 
tion with high performance, and high-quality speech can 
be received, as in the third and fourth embodiments. 
[0225] it is possible to substitute the speech coder 
720, as shown in FIG. 15, for any one of the coding sec- 
tions 121 to 123 (221 to 223) of the speech coder 120 
(220) in FIGS. 1 and 3. 

[0226] It is also possible to apply the structure of FIG. 
15 to the decoding-side structure shown in FIG. 12, al- 
though there is a difference between the coding process 
and the decoding process. Even where the decoding al- 
gorithm or coding rate is switched in this case, the noise 
suppresser can function with high performance, and 
high-quality speech can be received. 
[0227] In the fourth embodiment, the structure of the 
noise suppressor 410 may be modified such that when 
specific coding rate information has been detected, 
noise suppression is turned off (i.e. noise suppression 
is not effected) in all frequency bands or a part of fre- 
quency bands. 

[0228] FIG. 16 shows an example in which the struc- 
ture for performing such noise suppression is applied to 

•the noise suppressor 410. A detailed description will 
now be given with reference to FIG. 16. 

. [0229] In this example, noise suppression is carried 
out by a spectral subtraction (SS) method, with a speech 
signal being divided into M frequency bands. The value 
of M is normally 6 to 32, although varying depending on 
the noise suppression algorithm. 
[0230] The parameter switching control section 417 
detects the coding rate used in the speech coder 420, 
on the basis of the coding rate select information 406. 
The parameter switching control section 417 causes the 
parameter table 41 6 to deliver the parameter set corre- 
sponding to the detected coding rate to an individual- 
band suppression coefficient calculation section 460 in 
the noise suppress section 415. 

[0231] In this case, the parameter set input from the 
parameter table 41 6 to the individual-band suppression 
coefficient calculation section 460 consists of L control 
parameters. Where noise suppression is controlled at a 
substantially equal level in ailfrequency bands, one con- 
trol parameter (L = 1) is output in association with one 
coding rate. 

[0232] On the other hand, where noise suppression 
is controlled at different levels in M frequency bands, M 
control parameters (L = M) are generated in association 
with one coding rate. The value of L, however, is not 
limited to M. 



[0233] For the purpose of easier description, assume 
that three coding rates A, B and C are adopted, and L 
= M. Control parameters associated with the coding rate 
A can be represented by C(A,0), C(A,1),... ( C(A,M-1). 

5 [0234] Symbol C(A,k), for instance, denotes a control 
parameter associated with the coding rate A and used 
for controlling a k-th band of M divided frequency bands. 
FIG. 1 7 is a table showing the relationship between the 
coding rates (bit rates) and the divided bands. 

10 [0235] As has already been described in. connection 
with the fourth embodiment, the noise suppress section 
415 subjects the input signal to noise suppression ac- 
cording to the control parameter delivered from the pa- 
rameter table 416. The noise suppress section 41 5 com- 

15 prises an FFT section 440, an individual-band noise lev- 
el estimation section 450, an individual-band suppres- 
sion coefficient calculation section 460, a noise sup- 
pression section 470 and an inverse FFT section 480. 
[0236] The FFT section 440 converts the input speech 

20 signal from a dime domain to a frequency domain by 
FFT (Fast Fourier Transform). Other methods for con- 
version to a frequency domain , DCT or othertransf orms, 
may also be used. 

[0237] The individual-band noise level estimation 
25 section 450 divides the speech signal, which has been 
converted to the frequency domain, into a predeter- 
mined number (M) of bands, and estimates noise levels 
in the speech signal in individual bands. The individual- 
band suppression coefficient calculation section 460 
30 calculates noise suppression coefficients of individual 
bands on the basis of the individual-band noise levels 
estimated by the individual-band noise level estimation 
section 450. 

[0238] Assume that the individual-band noise sup- 

35 pression coefficients are D(0), D(1) D(M-1). Symbol 

D(k) denotes a noise suppression coefficient used for 
controlling a k-th band of M divided frequency bands. 
[0239] in the present invention, the noise suppressing 
process is controlled using not only the noise suppres- 
40 sion coefficients obtained only by the analysis of the in- 
put signal, but also control parameters obtained based 
on the coding rate information. In one method for real- 
izing this, a control parameter is set such that a value 
obtained by multiplying the control parameter by a noise 
45 suppression coefficient can be used as a new noise sup- 
pression coefficient. 

[0240] For example, the noise suppression coefficient 
D(k) is modified using the control parameter C(k) ob- 
tained from the coding rate information, according to the 
so operation shown below. The modified noise suppres- 
sion coefficient D(k) is output to the noise suppression 
section 470. 

55 D(k)«-D(k) x C(k) (k = 0 M-1) 

[0241] The noise suppression section 470 multiplies 
the frequency-dimension speech spectrum obtained 
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from the input speech signal by 1-D(k) in each band, 
using the modified suppression coefficient obtained by 
the individual-band suppression coefficient calculation 
section 460. Thus, the noise suppression section 470 
produces a noise-suppressed speech spectrum. The in- s 
verse FFT section 480 transforms the speech spectrum 
produced by the noise suppression section 470 to a 
time-dimension speech signal. 

[0242] For example, when noise suppression is to be 
turned off (i.e. noise suppression is not to be effected) 10 
in all frequency bands at the time of the coding rate C 
which is a highest coding rate, all the individual-band 
control parameters used when the bit rate C is detected 
are set at "0", as shown in FIG. 18. 

[0243] When . noise suppression is to be turned off (i. 15 
e. noise suppression is notto be effected) in the frequen- 
cy band M-1 alone at the time of the coding rate B, the 
control parameter used when the bit rate B is detected 
is set at "0", as shown in FIG. 19. 

[0244] According to the above-described structure, 20 
needless to say, other various settings are possible. 
[0245] As has been described above, the noise sup- 
pression process to be carried out by the noise suppress 
section 415 is controlled using the control parameters 
generated from the coding rate information. Thus, the 25 
variable-rate speech processing apparatus, in which the 
whole balance between the noise suppression and var- 
iable-rate speech coding is more considered than in the 
prior art, can be realized. 

[0246] As is well known, the prior-art noise suppres- so 
sion process is unable to completely eliminate noise 
alone from an input speech signal. If an attempt is made 
to completely eliminate the noise, part of the speech sig- 
nal would be removed along with the noise. As a result, 
some sound would be omitted, or a sound different from 35 
background noise would come in. Consequently, noise- 
suppressed speech would lose naturalness and deteri- 
orate. 

[0247] It is also known that degradation in speech 
quality due to coding is generally small when a clear 40 
sound signal with least noise is coded, because an anal- 
ysis for coding is successfully performed and such a 
clear speech signal conforms to a coding algorithm. 
[0248] On the other hand, if a speech signal with much 
background noise is coded, in particular, with a low cod- 45 
ing rate, coding of non-speech components would 
greatly deteriorate. Thus, a higher speech quality is ob- 
tained if a speech signal, from which background noise 
has been removed to some extent, is coded. 
[0249] In the case of speech coding at a high coding so 
rate, the performance of coding itself is high even if 
speech to be coded contains a relatively high level back- 
ground noise. Accordingly, deterioration in speech qual- 
ity due to background noise is small, and a speech qual- 
ity close to a natural one is obtained. 55 
[0250] In the case of speech coding at a low coding 
rate, noise suppression to some degree may possibly 
provide a good speech quality as a whole. However, in 



the case of speech coding at a high coding rate, noise 
suppression is not always needed in an application re- 
quiring a speech quality with high naturalness. 
[0251] An effective method in this case is one as ex- 
plained with reference to FIG. 1 8, wherein all the control 
parameters in individual bands at a specific coding rate 
(or coding rates) are set at "0" and thus noise suppres- 
sion is turned off (i.e. noise suppression is not effected) 
in all frequency bands. 

[0252] If the noise suppressor 410 as shown in FIG. 
16 is used for this purpose, the noise suppression func- 
tion can be controlled according to the coding rate more 
flexibly than in the prior art Thus, the speech quality can 
be improved when the variable-rate speech processing 
apparatus is used in an environment in which much 
background noise may come in. 
[0253] In the present example, the structure shown in 
FIG. 1 6 is applied to the noise suppressor 41 0 as shown 
in FIG. 7 in which the coding rate is varied on the coding 
side. However, it can also be applied to a noise suppres- 
sor which suppresses noise according to the coding rate 
on the decoding side, or to a noise suppressor which 
suppresses noise according to the coding algorithm or 
decoding algorithm. In these cases, too, the same ad- 
vantages can be obtained, needless to say. 
[0254] In the fourth embodiment, the noise suppres- 
sor 410 may be replaced with a noise suppressor 411 
having a structure as shown in FIG. 20. With this struc- 
ture, noise suppression is forcibly turned off (i.e. noise 
suppression is not effected) according to a request from 
the outside, irrespective of the coding rate. 
[0255] In FIG. 20, the noise suppress section 415, pa- 
rameter table 41 6 and parameter switching control sec- 
tion 41 7 are common with the structure of the fourth em- 
bodiment, and a description thereof is omitted. A de- 
scription will now be given of newly provided elements: 
an ON/OFF information detection section 419 and a 
change-over switch 418. 

[0256] The ON/OFF information detection section 
419 detects/determines information from the outside 
which instructs an ON/OFF control of a function for sup- 
pressing noise, and operates the change-over switch 
418 according to the determination result. 
[0257] Specifically, when the instruction forturning on 
the function for suppressing noise has been detected 
the switch 418 is operated to deliver the speech data 
from the A/D converter 402 to the noise suppress sec- 
tion 415. On the other hand, when the instruction for 
turning off the function for suppressing noise has been 
detected, the switch 418 is operated to deliver the 
speech data from the A/D converter 402 to the speech 
coder 420 at the rear stage as digital data 403, without 
intervention of the noise suppress section 415. 
[0258] In an example of the external control forturning 
on/off the noise suppression function, the noise sup- 
pressor 411 may be on/off controlled from a communi- 
cation network. In a communication path, a so-called 
tandem-connection may occur in which coding/decod- 



18 



BNSDOCID: <EP 1 15440BA2_I_> 



35 



EP 1 154 408 A2 



36 



ing is performed twice between the receiving side and 
the transmission side. A reason why the external control 
is needed is that it is necessary to prevent the tandem- 
connection from occurring when noise suppression is 
performed twice. 

[0259] The essence of the control for preventing the 
tandem-connection resides not in the turning on (acti- 
vation) of noise suppression, but in the turning off (inac- 
tivation) of noise suppression. Taking this into account, 
when the noise suppression function is on/off controlled 
from the outside, e.g. from the communication network, 
control operations may be combined on the basis of in- 
tentions of both the transmission and receiving sides. 
[0260] In the present example, the structure of the 
noise suppressor 411 shown in FIG. 20 is applied to the 
noise suppressor 41 0 shown in FIG. 7 in which the cod- 
ing rate is varied on the coding side. However, this struc- 
ture may be applied to a noise suppressor for suppress- 
ing noise according to the coding rate on the decoding 
side, or to a noise suppressorfor suppressing noise ac- 
cording to the coding algorithm or decoding algorithm. 
In these cases, too, the same advantages can be ob- 
tained, needless to say. 

[0261] A signal processing apparatus according to a 
fifth embodiment of the present invention will now be de- 
scribed. FIG. 21 shows the structure of this apparatus. 
[0262] A speech input section 540 functions to cap- 
ture a user's speech to be transmitted, convert it to an 
electric signal, and digitize the signal to produce speech 
data. The speech input section 540 comprises a micro- 
phone 541 for a hands-free operation, a microphone 
.amplifier 542 for a hands-free operation, a microphone 
.543 for a non-hands-free operation, a microphone am- 
plifier 544 for a non-hands-free operation, a microphone 
switching control section 545, and an A/D converter 546. 
[0263] The microphone switching control section 545 
controls switching between the hands-free analog sys- 
tem and the non-hands-free analog system in accord- 
ance with a control command 553 for switching the 
hands-free/non-hands-free operations. 
[0264] The A/D converter 546 receives an analog 
speech signal from the analog system selected by the 
switching control of the microphone switching control 
section 545, and digitizes the analog speech signal to 
produce speech data. 

[0265] In the non-hands-free operation, the direction 
of arrival of speech and the distance of travel of speech 
are substantially invariable. Thus, a microphone having 
sensitivity and directivity meeting this condition is used. 
On the other hand, in the hands-free operation, a micro- 
phone needs to have a higher sensitivity so that speech 
from afar may be captured. In addition, since the direc- 
tion of arrival speech is variable, the directivity of the 
microphone needs to be increased. Thus, the charac- 
teristics of the analog speech signal delivered to the A/ 
D converter 546 are different between the hands-free 
operation and the non-hands-free operation. 
[0266] An echo control unit 530 comprises a hands- 



free echo control section 531 , a non-hands-free echo 
control section 532, and an echo switching control sec- 
tion 533. 

[0267] The hands-free echo control section 531 is 
5 suitable when the hands-free microphone 541 and 
hands-free microphone amplifier 542 are used. The 
hands-free echo control section 531 reduces echo su- 
perimposed on the speech data output from the A/D 
converter 546. 

10 [0268] On the other hand, the non-hands-free echo 
control section 532 is suitable when the non-hands-free 
microphone 543 and non-hands-free microphone am- 
plifier 544 are used. The non-hands-free echo control 
section 532 reduces echo superimposed on the speech 

15 dataoutputfromtheA/Dconverter546. However, where 
echo suppression is not needed, the speech data is di- 
rectly output without echo control. 
[0269] The echo switching control section 533 con- 
trols switching between the hands-free echo control 

20 section 531 and non-hands-free echo control section 
532 in accordance with the control command 553 for 
switching the hands-free/non-hands-free operations, so 
that the selected one of the echo control sections 531 
and 532 may receive the speech data from the A/D con- 

25 verter 546. 

[0270] With this control, speech data 551, which has 
been echo-reduced by the hands-free echo control sec- 
tion 531 or non-hands-free echo control section 532, is 
output to a noise suppressor 51 0. 

30 [0271] The noise suppressor 510 includes, as two 
sections for suppressing background noise by different 
algorithm, an Algorithm-X noise suppress section 511 
and an Algorithm-Y noise suppress section 512. In ad- 
dition, the noise suppressor 51 0 includes a suppress al- 

35 gorithm switching control section 514. 

[0272] The Algorithm-X noise suppress section 51 1 is 
designed to suitably suppress noise in the speech data 
551 which is generated through the hands-free micro- 
phone 541, hands-free microphone amplifier 542 and 

40 hands-free echo control section 531 , which are used in 
the hands-free operation. 

[0273] On the other hands, the Algorithm-Y noise sup- 
press section 51 2 is designedto suitably suppress noise 
in the speech data 551 which is generated through the 
45 non-hands-free microphone 543, non-hands-free mi- 
crophone amplifier 544 and non-hands-free echo con- 
trol section 532, which are used in the non-hands-free 
operation. 

[0274] The suppress algorithm switching control sec- 
50 tion 514 controls switching between the Algorithm-X 
noise suppress section 511 and Algorithm-Y noise sup- 
press section 512 in accordance with the control com- 
mand 553 for switching the hands-free/non-hands-free 
operations, so that the optimal one of noise suppress 
55 sections 51 1 and 512 may receive the speech data 551 . 
[0275] The operation of the signal processing appa- 
ratus according to the fifth embodiment will now be de- 
scribed. FIG. 22 is af low chart illustrating this operation. 
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[0276] In a command input standby state in step 22a, 
if the control command 553 to the effect that "Perform 
hands-free operation" has been input, control advances 
to step 22b to determine the content of the input com- 
mand. Since the input command relates to the start of 5 
the hands-off operation, control goes to step 22c. 
[0277] In step 22c, the microphone switching control 
section 545 begins a switching control so that the analog 
speech signal coming from the hands-free microphone 
541 and hands-free microphone amplifier 542 may be 10 
input to the A/D converter 546. 

[0278] In step 22c, in parallel with the switching con- 
trol, the echo switching control section 533 effects 
switching according to the control command 553 so that 
the speech data from the A/D converter 546 may be in- is 
put to the hands-free echo control section 531 . Control 
then goes to step 22d. 

[0279] In step 22d, according to the control command 
553, the suppress algorithm switching control section 
514 controls switching so that the speech data from the 20 
hands-free echo control section 531 may enter the Al- 
gorithm-X noise suppress section 511. Control then 
goes to step 22g. 

[0280] Accordingly, where the hands-free operation 
command is input, the above switching control is effect- 25 
ed and the user's speech input from the hands-free mi- 
crophone 541 is subjected in the hands-free echo con- 
trol section 531 to the echo control suitable for the case 
where the hands-free microphone 541 and hands-free 
microphone amplifier 542 are used. 30 
[0281] The echo-controlled speech data 551 is sub- 
jected in the Algorithm-X noise suppress section 511 to 
the noise suppression process optimal for the case 
where the hands-free microphone 541, hands-free mi- 
crophone amplifier 542 and hands-free echo control 35 
section 531 are used. The resultant data is output to the 
transmission section at the rear stage as transmission 
speech data 552. 

[0282] In step 22g, if the control command 553 to the 
effect that "Stop the hands-free operation" is input, con- 40 
trol goes to step 22b to determine the content of the input 
command. Since the input command relates to the stop 
of the hands-free operation, control goes to step 22e. 
[0283] In step 22e, the microphone switching control 
section 545 begins a switching control so that the analog 45 
speech signal coming from the non-hands-free micro- 
phone 543 and non-hands-free microphone amplifier 
544 may be input to the A/D converter 546. 
[0284] In step 22e, in parallel with the switching con- 
trol, the echo switching control section 533 effects so 
switching according to the control command 553 so that 
the speech data from the A/D converter 546 may be in- 
put to the non-hands-free echo control section 532. 
Control then goes to step 22f . 

[0285] In step 22f, according to the control command 55 
553, the suppress algorithm switching control section 
514 controls switching so that the speech data from the 
non-hands-free echo control section 532 may enter the 



Algorithm-Y noise suppress section 512. Control then 
goes to step 22g. 

[0286] Accordingly, where the command for stopping 
the hands-free operation is input, the above switching 
control is effected and the user's speech input from the 
non-hands-free microphone 543 is subjected in the non- 
hands-free echo control section 532 to the echo control 
suitable for the case where the non-hands-free micro- 
phone 543 and non-hands-free microphone amplifier 
544 are used. 

[0287] The echo-controlled speech data 551 is sub- 
jected in the Algorithm-Y noise suppress section 512 to 
the noise suppression process optimal for the case 
where the non-hands-free microphone 543, non-hands- 
free microphone amplifier 544 and non-hands-free echo 
control section 532 are used. The resultant data is out- 
put to the transmission section at the rear stage as trans- 
mission speech data 552. 

[0288] In step 22g, if no command is input, control 
goes to step 22h. In step 22h, it is determined whether 
a communication end request is input. If the communi- 
cation end request has been input, the present process 
is finished. If the communication end request is not in- 
put, command input is monitored once again in step 22g. 
[0289] As has been described above, in the signal 
processing apparatus having the above structure, when 
the echo -control led, noise-suppressed transmission 
speech data 552 is to be acquired, the optimal noise 
suppress section (51 1 or 51 2) is activated in accordance 
with the hands-free/non-hands-free speech data gener- 
ation path. 

[0290] According to the signal processing apparatus 
with the above structure, noise suppression is effected 
by the noise suppress section suitable for the speech 
data generation path, i.e. speech data characteristics, 
even if the hands-free operation and non-hands-free op- 
eration are switched. Thus, the noise suppress section 
functions with high performance, and high-quality 
speech can be transmitted. 

[0291] A signal processing apparatus according to a 
sixth embodiment of the present invention will now be 
described. FIG. 23 shows the structure of this appara- 
tus. 

[0292] A speech input section 640 functions to cap- 
ture a user's speech to be transmitted, convert it to an 
electric signal, and digitize the signal to produce speech 
data. The speech input section 640 comprises a micro- 
phone 641 for a hands-free operation, a microphone 
amplifier 642 for a hands-free operation, a microphone 
643 for a non-hands-free operation, a microphone am- 
plifier 644 for a non-hands-free operation, a microphone 
switching control section 645, and an A/D converter 646. 
[0293] The microphone switching control section 645 
controls switching between the hands-free analog sys- 
tem and the non-hands-free analog system in accord- 
ance with a control command 653 for switching the 
hands-free/non-hands-free operations. 
[0294] The A/D converter 646 receives an analog 
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speech signal from the analog system selected by the 
switching control of the microphone switching control 
section 645, and digitizes the analog speech signal to 
produce speech data. 

[0295] In the non-hands-free operation, the direction 
of arrival of speech and the distance of travel of speech 
are substantially invariable. Thus, a microphone having 
sensitivity and directivity meeting this condition is used. 
On the other hand, in the hands-free operation, a micro- 
phone needs to have a higher sensitivity so that speech 
from afar may be captured. In addition, since the direc- 
tion of arrival speech is variable, the directivity of the 
microphone needs to be increased. Thus, the charac- 
teristics of the analog speech signal delivered to the A/ 
D converter 646 are different between the hands-free 
operation and the non-hands-free operation. 
[0296] An echo control unit 630 comprises a hands- 
free echo control section 631, a non-hands-free echo 
control section 632, and an echo switching control sec- 
tion 633. 

[0297] The hands-free echo control section 631 is 
suitable when the hands-free microphone 641 and 
hands-free microphone amplifier 642 are used. The 
hands-free echo control section 631 reduces echo su- 
perimposed on the speech data output from the A/D 
converter 646. 

[0298] On the other hand, the non-hands-free echo 
control section 632 is suitable when the non-hands-free 
microphone 643 and non-hands-free microphone am- 
plifier 644 are used. The non-hands-free echo control 
section 632 reduces echo superimposed on the speech 
data output from the A/D converter 646. However where 
echo suppression is not needed, the speech data is di- 
rectly output without echo control. 
[0299] The echo switching control section 633 con- 
trols switching between the hands-free echo control 
section 631 and non-hands-free echo control section 
632 in accordance with the control command 653 for 
switching the hands-free/non-hands-free operations, so 
that the selected one of the echo control sections 631 
and 632 may receive the speech data from the A/D con- 
verter 646. 

[0300] With this control, speech data 651 , which has 
been echo-reduced by the hands-free echo control sec- 
tion 631 or non-hands-free echo control section 632, is 
output to a noise suppressor 61 0. 
[0301] The noise suppressor 610 comprises a noise 
suppress section 615, a parameter table 616 and a pa- 
rameter switching control section 617. 
[0302] The noise suppress section 615 suppresses 
background noise contained in speech data output from 
the echo control unit 630. The suppression characteris- 
tics for background noise suppression are controlled by 
parameters input from the parameter table 61 6. 
[0303] The parameter table 61 6 stores parameters for 
setting the characteristics for background noise sup- 
pression to be effected by the noise suppress section 
615. Specifically, the parameter table 616 stores a pa- 



rameter set A which is optimal for the hands-free oper- 
ation, and a parameter set B which is optimal for the 
non-hands-free operation. An optimal one of the param- 
eter sets is input to the noise suppress section 615 by 
5 the control of the parameter switching control section 
617. 

[0304] The parameter set A provides characteristics 
suitable for noise suppression of the speech data 651 
which is generated through the hands-free microphone 
10 641 , hands-free microphone amplifier 642 and hands- 
free echo control section 631 , which are used in the 
hands-free operation. 

[0305] On the other hands, the parameter set B pro- 
vides characteristics suitable for noise suppression of 
15 the speech data 651 which is generated through the 
non-hands-free microphone 643, non-hands-free mi- 
crophone amplifier 644 and non-hands-free echo con- 
trol section 632, which are used in the non-hands-free 
operation. 

20 [0306]= The parameter switching control section 617 
controls the parameter table 616. Thus, based on the 
control command 653 for switching the hands-free/non- 
hands-free operations, one of the parameter sets, which 
is optimal for the noise suppression of the speech data 

25 651 , can be selectively set in the noise suppress section 
615. 

[0307] The operation of the signal processing appa- 
ratus according to the sixth embodiment will now be de- 
scribed. FIG. 24 is a flow chart illustrating this operation. 

30 [0308] In a command input standby state in step 24a, 
if the control command 653 to the effect that "Perform 
hands-free operation" has been input, control advances 
to step 24b to determine the content of the input com- 
mand. Since the input command relates to the start of 

35 the hands-off operation, control goes to step 24c. 

[0309] In step 24c, the microphone switching control 
section 645 begins a switching control so that the analog 
speech signal coming from the hands-free microphone 
641 and hands-free microphone amplifier 642 may be 

40 input to the A/D converter 646. 

[0310] In step 24c, in parallel with the switching con- 
trol, the echo switching control section 633 effects 
switching according to the control command 653 so that 
the speech data from the A/D converter 646 may be in- 

45 put to the hands-free echo control section 631 . Control 
then goes to step 24d. 

[0311] In step 24d, according to the control command 
653, the parameter switching control section 617 con- 
trols the parameter table 616 and sets the optimal pa- 

50 rameter set A for the hands-free operation in the noise 
suppress section 615. Control then goes to step 24g. 
[0312] Accordingly, where the hands-free operation 
command is input, the above switching control is effect- 
ed and the user's speech input from the hands-free mi- 

55 crophone 641 is subjected in the hands-free echo con- 
trol section 631 to the echo control suitable for the case 
where the hands-free microphone 641 and hands-free 
microphone amplifier 642 are used. 
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[0313] The echo-controlled speech data 651 is sub- 
jected in the noise suppress section 615, in which the 
parameter set A is set, to the noise suppression process 
optimal for the case where the hands-free microphone 
641, hands-free microphone amplifier 642 and hands- 
free echo control section 631 are used. The resultant 
data is output to the transmission section at the rear 
stage as transmission speech data 652. 
[0314] In step 24g, if the control command 653 to the 
effect that "Stop the hands-free operation" is input, con- 
trol goes to step 24b to determine the content of the input 
command. Since the input command relates to the stop 
of the hands-free operation, control goes to step 24e. 
[0315] In step 24e, the microphone switching control 
section 645 begins a switching control so that the analog 
speech signal coming from the non-hands-free micro- 
phone 643 and non-hands-free microphone amplifier 
644 may be input to the A/D converter 646. 
[0316] In step 24e, in parallel with the switching con- 
trol, the echo switching control section 633 effects 
switching according to the control command 653 so that 
the speech data from the A/D converter 646 may be in- 
put to the non-hands-free echo control section 632. 
Control then goes to step 24f. 

[0317] In step 24f, according to the control command 
653, the parameter switching control section 617 con- 
trols the parameter table 616 and sets the optimal pa- 
rameter set B for the non-hands-free operation in the 
noise suppress section 615. Control then goes to step 
24g. 

[031 8] Accordingly, where the command for stopping 
the hands-free operation is input, the above switching 
control is effected and the user's speech input from the 
non-hands-free microphone 643 is subjected in the non- 
hands-free echo control section 632 to the echo control 
suitable for the case where the non-hands-free micro- 
phone 643 and non-hands-free microphone amplifier 
644 are used. 

[0319] The echo-controlled speech data 651 is sub- 
jected in the noise suppress section 615, in which the 
parameter set B is set, to the noise suppression process 
optimal for the case where the non-hands-free micro- 
phone 643, non-hands-free microphone amplifier 644 
and non-hands-free echo control section 632 are used. 
The resultant data is output to the transmission section 
at the rear stage as transmission speech data 652. 
[0320] In step 24g, if no command is input, control 
goes to step 24h. In step 24h, it is determined whether 
a communication end request is input. If the communi- 
cation end request has been input, the present process 
is finished. If the communication end request is not in- 
put, command input is monitored once again in step 24g. 
[0321] As has been described above, in the signal 
processing apparatus having the above structure, when 
the echo-controlled, noise-suppressed transmission 
speech data 652 is to be acquired, the noise suppress 
section 61 5 is controlled to have optimal noise suppres- 
sion characteristics in accordance with the hands-free/ 
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non-hands-free speech data generation path. 
[0322] According to the signal processing apparatus 
with the above structure, noise suppression is effected 
by the noise suppress section suitable for the speech 
data generation path, i.e. speech data characteristics, 
even if the hands-free operation and non-hands-free op- 
eration are switched. Thus, the noise suppress section 
functions with high performance, and high-quality 
speech can be transmitted. 

[0323] The present invention is not limited to the 
above-described embodiments. In each embodiment, 
the noise suppressor, speech coder (decoder), echo 
control unit, etc. are described as separate sections. 
However, in each embodiment, these elements may be 
integrated on a chip. Thus, the invention can be realized 
on a single DSP chip. 

[0324] Alternatively, needless to say, it is possible to 
use a high-speed processor and a memory, to store in 
the memory a program exhibiting functions of the noise 
suppressor, speech coder (decoder), echo control unit, 
etc., and to activate the processor according to this pro- 
gram. 

[0325] Of course, other modifications may be made 
to the present invention without departing from the spirit 
of the invention. 
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Claims 

1. A signal processing apparatus characterized by 

comprising: 

a noise suppressor (110,210) having a plurality 
of different noise suppression characteristics, 
suppressing background noise contained in a 
speech signal; 

a speech encoder (120, 220) having a plurality 
of different coding algorithm, encoding the sup- 
pressed speech signal by using one of said dif- 
ferent coding algorithm; and 
wherein said noise suppressor (110, 210) se- 
lects one noise suppression characteristic in 
accordance with the used coding algorithm at 
the speech encoder ( 1 20, 200). 

2. A signal processing apparatus characterized by 

comprising: 

a noise suppressor (31 0, 41 0) having a plurality 
of different noise suppression characteristics, 
suppressing background noise contained in a 
speech signal: 

a speech encoder (320 : 420) having a plurality 
of different coding rates, encoding the sup- 
pressed speech signal by using one of said dif- 
ferent coding rates; and 
wherein said noise suppressor (310, 410) se- 
lects one noise suppression characteristic in 
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accordance with the used coding rate at the 
speech encoder (320, 420). 

3. The signal processing apparatus according to claim 

2, characterized in that the noise suppressor (310, 5 
410) comprising a frequency divider dividing the 
speech signal into several speech signals, each of 
the speech signals having a different frequency 
band, said noise suppressor (310, 410) only sup- 
pressing background noise contained in the speech 
signal having a predetermined frequency band if the 
speech encoder (320, 420) selects a predetermined 
coding rate for encoding the speech signal. 

4. The signal processing apparatus according to claim 
2, characterized in that the noise suppressor (310, 
410) comprising a frequency divider dividing the 
speech signal into several speech signals, each of 
the speech signals having a different frequency 
band, said noise suppressor (31 0, 41 0) stops sup- 
pressing background noise contained in the speech 
signal having a predetermined frequency band if the 
speech encoder (320, 420) selects a predetermined 
coding rate for encoding the speech signal. 

5. The signal processing apparatus according to claim 
2, characterized in that the noise suppressor (31 0, 
410) stops suppressing background noise con- 
tained in the speech signal if the speech encoder 
(320, 420) selects a predetermined coding rate for 
encoding the speech signal. 

6. The signal processing apparatus according to claim 
1 , characterized in that the noise suppressor (41 0) 

; comprising a parameter setting means (410) for set- 
ting a parameter so as to select an optimal noise 
suppression characteristic, sand parameters varies 
the noise suppression characteristics. 

7. The signal processing apparatus according to claim 

1 , characterized in that said parameters are set in 
accordance with the used coding algorithm at the 
speech encoder (420). 

8. The signal processing apparatus according to claim 

2, characterized in that the noise suppressor (41 0) 
comprising a parameter setting means (41 0) for set- 
ting a parameter so as to select an optimal noise 
suppression characteristic, sand parameters varies 
the noise suppression characteristics. 

9. The signal processing apparatus according to claim 
2, characterized in that said parameters are set in 
accordance with the used coding algorithm at the 
speech encoder (420). 

10. A signal processing apparatus characterized by 

comprising: 



44 

a speech decoder (120a) having a plurality of 
different decoding algorithm, decoding the en- 
coded speech signal by using one of said dif- 
ferent decoding algorithm; 
a noise suppressor (1 1 0a) having a plurality of 
different noise suppression characteristics, 
suppressing noise component contained in the 
decoded speech signal; and 
wherein said noise suppressor (110a) selects 
one noise suppression characteristics in ac- 
cordance with the used decoding algorithm at 
the speech encoder (120a). 

11. A signal processing apparatus characterized by 

comprising: 

a speech decoder (40) having a plurality of dif- 
ferent decoding rates, decoding the encoded 
speech signal by using one of said different 
coding rates; 

a noise suppressor (30) having a plurality of dif- 
ferent noise suppression characteristics, sup- 
pressing noise component contained in the de- 
coded speech signal; and 
wherein said noise suppressor (30) selects one 
noise suppression characteristic in accordance 
with the used rate at the speech encoder (40). 

1 2. The signal processing apparatus according to claim 
1 1 , characterized in that the noise suppressor (30) 
only suppressing the noise component contained in 
the decoded signal having a predetermined fre- 
quency band if the speech decoder (40) selects a 
predetermined rate for decoding the encoded 
speech signal. 

13. The signal processing apparatus according to claim 
1 1 , characterized in that the noise suppressor (30) 
stops suppressing the noise component contained 
in the decoded speech signal having a predeter- 
mined frequency band if the speech decoder (40) 
selects a predetermined rate for decoding the en- 
coded speech signal. 

1 4. The signal processing apparatus according to claim 
1 1 , characterized in that the noise suppressor (30) 
stops suppressing background noise contained in 
the decoded speech signal if the speech decoder 
(40) selects a predetermined ratio for decoding the 
encoded speech signal. 

1 5. The signal processing apparatus according to claim 
1 0, characterized in that the noise suppressor (30) 
comprising a parameter setting means (410, 411) 
for setting a parameter so as to select an optimal 
noise suppression characteristic, said parameters 
varies the noise suppression characteristics. 
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1 6. The signal processing apparatus according to claim 

10, characterized in that said parameter is set in 
accordance with the used coding algorithm at the 
speech encoder (40). 

5 

17. The signal processing apparatus according to claim 

11 , characterized in that the noise suppressor (30) 
comprising a parameter setting means (410, 411) 
for setting a parameter so as to select an optimal 
noise suppression characteristic, said parameters 10 
varies the noise suppression characteristics. 

1 8. The signal processing apparatus according to claim 
11, characterized in that said parameter is set in 
accordance with the used rate at the speech encod- 15 
er (40). 

19. A signal processing apparatus for use in a device 
in which a hands-free function is selectively usable, 

the apparatus characterized by comprising: 20 

a noise suppressor (51 0,610) having at least 
two different noise suppression characteristics, 
suppressing background noise contained in a 
speech signal; and said noise suppressor (510, 
610) having a switch which selects a suitable sup- 25 
pression characteristic from the different noise sup- 
pression characteristics in accordance with the use 
of the hands-free function. 

20. The signal processing apparatus according to claim 30 

19, characterized in that the noise suppressor 
(610) comprising a parameter setting means (610) 
for setting a parameter so as to select an optimal 
noise suppression characteristic, said parameters 
varies the noise suppression characteristics. 35 

21. The signal processing apparatus according to claim 

20, characterized in that said parameter is set in 
accordance with the use of the hands-free function. 

40 

22. A mobile radio communication terminal having a 
signal processing apparatus, said signal process- 
ing apparatus characterized by comprising: 

a noise suppressor (11 0, 210) having a plurality 45 
of different noise suppression characteristics, 
suppressing background noise contained in a 
speech signal; 

a speech encoder (120, 220) having a plurality 
of different coding algorithm, encoding the sup- so 
pressed speech signal by using one of said dif- 
ferent coding algorithm; and 
wherein said noise suppressor (110, 210) se- 
lects one noise suppression characteristics in 
accordance with the used coding algorithm at 55 
the speech encoder (120, 220). 

23. A mobile radio communication terminal having a 



signal processing apparatus, said signal process- 
ing apparatus characterized by comprising: 

a noise suppressor (31 0, 41 0) having a plurality 
of different noise suppression characteristics, 
suppressing background noise contained in a 
speech signal; 

a speech encoder (320 : 420) having a plurality 
of different coding rates, encoding the sup- 
pressed speech signal by using one of said dif- 
ferent coding rates; and 
wherein said noise suppressor (310, 410) se- 
lects one noise suppression characteristics in 
accordance with the used coding rate at the 
speech encoder (320, 420). 

24. A signal processing apparatus characterized by 

comprising: 

a noise suppressor (110) having a plurality of 
different noise suppression characteristics, 
suppressing background noise contained in a 
speech signal, where the number of said noise 
suppression characteristics is Q (Q: a positive 
integer); 

a speech encoder (1 20) having a plurality of dif- 
ferent coding algorithm, encoding the sup- 
pressed speech signal by using one of said dif- 
ferent coding algorithm, where the number of 
said coding algorithm is P (P: a positive inte- 
ger); and 

wherein said noise suppressor (110) selects 
one noise suppression characteristic in accord- 
ance with the used coding algorithm at the 
speech encoder (120), the following relation- 
ship is established: 

P ^ Q > 1. 

25. A signal processing apparatus characterized by 

comprising: 

a noise suppressor (310) having a plurality of 
different noise suppression characteristics, 
suppressing background noise contained in a 
speech signal, where the number of said noise 
suppression characteristics is Q (Q: a positive 
integer); 

a speech encoder (320) having a plurality of dif- 
ferent coding rates, encoding the suppressed 
speech signal by using one of said different 
coding rates, where the number of said coding 
rates is R (R: a positive integer); and 
wherein said noise suppressor (310) selects 
one noise suppression characteristic in accord- 
ance with the used coding rate at the speech 
encoder (320), the following relationship is es- 



24 



BNSDOCJD: <EP 1 1 54408A2J_> 



47 



EP 1 154 408 A2 



tablished: 

R1Q>1. 

5 

26. A signal processing apparatus characterized by 
comprising: 

a noise suppressor (210) having a plurality of 
different noise suppression characteristics, 10 
suppressing background noise contained in a 
speech signal, said noise suppression charac- 
teristics is varied in accordance with a param- 
eter set by a parameter setting means (210); 
a speech encoder (220) having a plurality ot dif- *s 
ferent coding algorithm, encoding the sup- 
pressed speech signal by using one of said dif- 
ferent coding algorithm, where the number of 
said coding algorithm is P (P: a positive inte- 
ger); and 20 
wherein said parameter setting means (210) 
set a suitable parameter so as to select an op- 
timal noise suppression characteristic in ac- 
cordance with the used coding algorithm at the 
speech encoder (220), where the number of 25 
said parameter is S (S: a positive integer), the 
following relationship is established: 



R ^ S> 1. 



30 



R ^ S> 1. 

27. A signal processing apparatus characterized by 

. comprising: 

a noise suppressor (410) having a plurality of 35 
different noise suppression characteristics, 
suppressing background noise contained in a 
speech signal, said noise suppression charac- 
teristics is varied in accordance with a param- 
eter set by a parameter setting means (41 0); 40 
a speech encoder (420) having a plurality of dif- 
ferent coding rates, encoding the suppressed 
speech signal by using one of said different 
coding rates, where the number of said coding 
rates is R (R: a positive integer); and 45 
wherein said parameter setting means (410) 
set a suitable parameter so as to select an op- 
timal noise suppression characteristic in ac- 
cordance with the used coding rate at the 
speech encoder (420), where the number of so 
said parameter is S (S: a positive integer), the 
following relationship is established: 
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